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A Novel Speech Feature Fusion Algorithm for

Text-Independent Speaker Recognition
Biao Ma, Chengben Xu, and Ye Zhang

Abstract—A novel speech feature fusion algorithm with inde-
pendent vector analysis (IVA) and parallel convolutional neu-
ral network (PCNN) is proposed for text-independent speaker
recognition. Firstly, some different feature types, such as the
time domain (TD) features and the frequency domain (FD)
features, can be extracted from a speaker’s speech, and the TD
and the FD features can be considered as the linear mixtures
of independent feature components (IFCs) with an unknown
mixing system. To estimate the IFCs, the TD and the FD
features of the speaker’s speech are concatenated to build the
TD and the FD feature matrix, respectively. Then, a feature
tensor of the speaker’s speech is obtained by paralleling the
TD and the FD feature matrix. To enhance the dependence on
different feature types and remove the redundancies of the same
feature type, the independent vector analysis (IVA) can be used
to estimate the IFC matrices of TD and FD features with the
feature tensor. The IFC matrices are utilized as the input of the
PCNN to extract the deep features of the TD and FD features,
respectively. The deep features can be integrated to obtain
the fusion feature of the speaker’s speech. Finally, the fusion
feature of the speaker’s speech is employed as the input of a
deep convolutional neural network (DCNN) classifier for speaker
recognition. The experimental results show the effectiveness and
performances of the proposed speaker recognition system.

Index Terms—Speaker recognition, independent vector analy-
sis, feature fusion, parallel neural network.

I. INTRODUCTION

S
PEAKER recognition is to identify the speaker iden-

tity by speakers’ voices, [1], [2], [3]. Generally, the

speaker recognition can be categorized into text-dependent and

text-independent recognition tasks. A text-dependent speaker

recognition system attempts to recognize a speaker by a

pre-defined phrase, and a text-independent speaker recogni-

tion system does not expect the speaker to speak a partic-

ular phrase [4] [5]. In this paper, we focus on the text-

independent speaker recognition system and some methods

have been proposed for text-independent speaker recognition.

In [6], the Gaussian mixture model was built with the mel-

frequency cepstral coefficients (MFCCs) for text-independent

speaker identification. In [7], a framework based on the triplet

loss and a deep convolutional neural network architecture

was trained with the spectrogram features or fbank features

for text-independent speaker verification. In [8], a network

with residual connections and squeeze-and-excitation attention

was trained with three losses and spectrograms for text-

independent speaker verification. Using the log-mel filterbank
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features, two DCNNs, i.e., residual neural network (ResNet)

and visual geometry group (VGG) nets, with a self-attention

(SA) mechanism were proposed for text-independent speaker

identification [9]. In [10], a ResNet with SA mechanism was

trained with the Cluster-Range Loss and the log Fbank coeffi-

cients for text-independent speaker recognition. However, only

one feature type was utilized for the speaker recognition in all

above-mentioned methods. Generally, the performances of a

speaker recognition system can be improved with the fusion

feature by combining several different feature types. Recently,

some feature fusion methods have been proposed for speaker

recognition. In [11], the MFCCs and log-mel filterbank feature

were incorporated by a multi-feature integration method for

speaker verification. In [12], the MFCCs and perceptual linear

predictives, extracted from the same frame of the speaker’s

speech, were integrated to obtain the integrated features for

speaker verification. In [13], the fusion feature of the speaker’

speech was obtained by concatenating the MFCCs and its first-

order derivatives and the chroma energy normalized statistics

(CENS) features, a convolutional neural network (CNN) was

trained with the fusion features for speaker identification. In

[14], the LPCs and MFCCs with their first order delta coef-

ficients were combined with a dilated 1D convolutional filter

to obtain a frame-level embedding, and then the utterance-

level embedding was obtained by aggregating the frame-level

embeddings with the average pooling for speaker verification.

In [15], the fusion feature of the speaker’speech was obtained

with the concatenation of the i-vectors of the speaker’s speech

for speaker identification.

In this paper, we propose a novel speech feature fusion

algorithm to obtain the fusion feature of the TD and FD

features of the speaker’s speech signal for text-independent

speaker recognition. First, the TD and FD features, such as

linear predictive codings (LPCs) and MFCCs, are extracted

from a speaker’s speech, and the TD and the FD features can

be considered as the linear mixtures of IFCs with an unknown

mixing system. To estimate the IFCs, the TD and the FD

features of the speaker’s speech are concatenated to build the

TD and the FD feature matrix, respectively. Then, a feature

tensor is obtained by paralleling these TD and FD feature

matrix. To enhance the dependence on different feature types

and remove the redundancies of the same feature type, the IVA

can be utilized to estimate the IFC matrices of the TD and FD

features with the feature tensor, and the demixing tensor can

be regarded as the speaker model. The IFC matrices of the TD

and FD features are used as the input of the PCNN to extract

the deep features of the TD and FD features, respectively.

The fusion feature of the speaker’s speech can be obtained
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by integrating the deep features. Finally, the fusion feature

is utilized as the input of the DCNN classifier for speaker

recognition.

The contributions of this study can be summarized as three

aspects. First, a feature mixing model is introduced in this

paper, i.e., the TD and the FD features can be considered

as the linear mixtures of IFCs with an unknown mixing

system. Second, we propose a novel speech feature fusion

algorithm to fuse the speech’s TD and FD features for text-

independent speaker recognition. Generally, for the TD and

FD features, such as LPCs and MFCCs, there are some

complementarities between the TD and FD features of the

speaker’s speeches. The LPCs are based on a theory of the

speech production mechanism while the MFCCs are based on

the speech perception by the human auditory system. However,

there may be some redundancies for the same type of the

speech features, which may decrease the performances of

the speaker recognition system. The IVA can be utilized to

extract the IFCs of the same speech feature type to remove

their redundancies, and also enhance the dependence on the

different speech feature types for improving the performances

of the speaker recognition system. Third, a novel approach for

building the speaker model for speaker recognition is proposed

by estimating the demixing tensor. In the IVA, the demixing

tensor is formed individually for each speaker, and it can be

employed as the speaker model to obtain the estimation of the

IFC matrices of the TD and FD features, respectively.

The outline structure of this paper can be organized as

follows. The related works are addressed in Section II. The

proposed speaker recognition system is detailed in the Section

III. The Section IV presents the experiments. The Section V

concludes this study.

II. RELATED WORKS

A. TD and FD Features

Generally, the speech signal changes continuously, and it

is unstationary. The speech signal can be divided into many

frames, and the duration of which is 20 to 30 millisecond

(ms). During this interval, the speech signal is assumed to

be stationary and the TD and FD features can be extracted

from these frames. The TD features are calculated from the

frames of the raw speeches in time-domain, such as short-term

energy, short-term magnitude, short-time zero-crossing rate,

short-term auto correlation [16], LPCs [17], linear predictive

cepstral coefficients (LPCCs) [18], etc. The FD features are

calculated in frequency-domain by using the Fourier trans-

form to convert the speech signals from time-domain to

frequency-domain, such as MFCCs, log-magnitude spectral

feature (LOG-MAG), log-mel filterbank feature (LOG-MEL)

[19], perceptual linear prediction [20], gammatone frequency

cepstral coefficients (GFCCs) [21], power-normalized cepstral

coefficients (PNCCs) [22], etc.

In this paper, the TD and FD features focus on the LPCs and

MFCCs for speaker recognition, respectively. The voice activ-

ity detection is used to remove silence and unvoiced sounds

in the original speech signals. Then, the speech signals are

pre-emphasized with a pre-emphasis coefficient of 0.97. The

pre-emphasized signals are divided into overlapping frames

with a frame-length of U and a frame-shift of V , and each

frame is multiplied by a Hamming window.

1) LPCs Extraction: In the all-pole filter model, a speech

sample qt(u) is assumed to be a linear combination of R past

samples and an error et(u) for the tth frame.

qt(u) =
R
∑

r=1
ortqt(u − r) + et(u)

t = 1, . . . , T ;u = 1, . . . , U
(1)

where qt(u) is the uth sample of the tth frame of the speech

signal, ort is a filter coefficient (LPC) of order r, et(u) is

the error, T is the number of frames. The filter coefficients,

i.e., LPCs, can be calculated by the least squares method. The

first order derivatives (∆l) of the LPCs are calculated from

the LPCs. The second order derivatives (∆2
l ) of the LPCs are

calculated from the first order derivatives of the LPCs. For the

tth frame, the LPCs, ∆l and ∆2
l are concatenated to form the

TD feature vector LPCs +∆l +∆2
l . For a speech signal, the

LPCs matrix can be obtained with the LPCs +∆l +∆2
l .

2) MFCCs Extraction: The spectrograms of the frames are

processed by the mel filterbank [23]. The LOG-MEL features

are obtained with a log operation and the mel filterbank. The

MFCCs are calculated by applying the discrete cosine trans-

form (DCT) [24] to the LOG-MEL features. The first order

derivatives (∆m) of the MFCCs can be calculated from the

MFCCs. The second order derivatives (∆2
m) of the MFCCs can

be calculated from the first order derivatives of the MFCCs.

For the tth frame, the MFCCs, ∆m and ∆2
m are concatenated

to build FD feature vector the MFCCs + ∆m + ∆2
m. For

a speech signal, the MFCCs matrix is obtained with the

MFCCs +∆m +∆2
m.

B. Data Fusion With the IVA

The IVA can be utilized for data fusion [25], [26]. In [27],

an overview of some data fusion methods based on the inde-

pendent component analysis (ICA) and IVA was presented and

the tradeoffs involved in the design of these fusion methods

were also demonstrated. Then, a new approach for fusion

of disjoint subspaces was introduced for multimodal medical

imaging data. These multimodal medical imaging data, i.e.,

functional magnetic resonance imaging (MRI) and electroen-

cephalography (EEG) data, were gathered from a group of

the healthy controls and patients with the schizophrenia who

performed an auditory oddball task. In [28], the application of

the joint ICA and transposed IVA model were considered for

the fusion of the multimodal medical imaging data, including

functional MRI, structural MRI, and EEG data. These medical

imaging data were gathered from a group of healthy controls

and patients with the schizophrenia who performed an auditory

oddball task.

III. THE PROPOSED SPEAKER RECOGNITION SYSTEM

The block diagram of the proposed speaker recognition

system is shown in Fig. 1. The TD and FD features, such

as the LPCs and MFCCs, can be extracted from all frames of

the speaker’s speech to form a feature tensor. The IVA can
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Fig. 1. The block diagram of the proposed speaker recognition system. FCs denote the fully connected layers.

be used to estimate the IFC matrices of TD and FD features

with the feature tensor, and the demixing tensor obtained by

the IVA can be regarded as the speaker’s model. The IFC

matrices are utilized as the input of the PCNN to extract the

deep features of the TD and FD features, respectively. Then

the fusion feature of the speaker’s speech can be obtained by

integrating the deep features, and used as the input of the

DCNN for speaker recognition.

A. Estimation of the IFC Matrices by IVA

Generally, some different feature types, such as the TD

and the FD features, can be extracted from the same frame

of a speaker’s speech signal, there is dependence for the

different feature types, however, there are redundancies for the

same feature type. The performances of a speaker recognition

system may be improved by enhancing the dependence on the

different feature types and removing the redundancies of the

same feature type. In this paper, we introduce a feature mixing

model, i.e., a feature vector can be considered as the linear

mixtures of some unknown latent variables with an unknown

mixing system, i.e.,

x[k](t) = A
[k]s[k](t) (2)

where x[k](t) = [x
[k]
1 (t), . . . , x

[k]
N (t)]T ∈ R

N×1 is the feature

vector extracted from the tth frame for kth feature type,

t = 1, . . . , T , k = 1, . . . ,K , N denotes the feature dimension,

T denotes the number of the time frame and K denotes

the number of the feature type. The superscript T denotes

transpose. For the kth
1 and kth

2 feature type, there is dependence

for x[k1](t) and x[k2](t), k1 6= k2, k1, k2 = 1, . . . ,K . For

the kth feature type, there are redundancies for x
[k]
n′ (t) and

x
[k]
n′′(t), n′ 6= n′′, n′, n′′ = 1, . . . , N . A[k] = [a

[k]
ij ] ∈ R

N×N

is an invertible mixing matrix, i, j = 1, . . . , N . s[k](t) =

[s
[k]
1 (t), . . . , s

[k]
N (t)]T ∈ R

N×1 are the unknown latent variables

and cannot be directly observed. In this paper, we assume

that the latent variables s
[k]
n (t), n = 1, . . . , N , are statistically

mutually independent and called as the IFCs. Then s[k](t) can

be considered as the IFC vector. For the kth
1 and kth

2 feature

type, the s[k1](t) and s[k2](t) are dependent with each other,

k1 6= k2. For the kth feature type, s
[k]
n′ (t) and s

[k]
n′′(t) are

independent with each other, n′ 6= n′′. For kth feature type,

the feature matrix X
[k] = [x[k](1), . . . ,x[k](T )] ∈ R

N×T can

be rewritten as

X
[k] = A

[k]
S
[k] (3)

where S
[k] = [s[k](1), . . . , s[k](T )] ∈ R

N×T is an IFC matrix.

The tensor XXX ∈ R
N×T×K is formed by paralleling K feature

matrix X
[k], then,

XXX =ASASAS (4)

where AAA ∈ R
N×N×K is a mixing tensor, which is formed

by paralleling K mixing matrix A
[k]. The IFC tensor SSS ∈

R
N×T×K is formed by paralleling K IFC matrix S

[k], as

shown in Fig. 2.

Generally, the tensor XXX can be used as a fusion feature and

called as the feature tensor in this paper. The feature tensor

XXX can be considered as the linear mixtures of the IFC tensor

SSS by with the mixing tensor AAA. The IFC tensor SSS can be

considered as the fusion feature to improve the performances

of the speaker recognition system. In this paper, we propose

using the IVA to estimate the IFC tensor SSS, i.e.,

YYY =WXWXWX (5)

where YYY ∈ R
N×T×K is the estimation of SSS , and is formed

by paralleling Y
[k] = [y

[k]
n (t)] ∈ R

N×T , which is the

estimation of S[k], k = 1, . . . ,K , n = 1, . . . , N , t = 1, . . . , T .

WWW ∈ R
N×N×K is the demixing tensor, which is formed by

paralleling K the demixing matrices W
[k] = [w

[k]
ij ] ∈ R

N×N ,

and W
[k] is the estimation of the inverse of A

[k]. WWW can

be regarded as the speaker model since the demixing tensor

is individually formed for each speaker. The Eq. 5 can be

regarded as the IFC estimation model, which is shown in Fig.

3.

For the IVA, the mutual information minimization can be

employed as the cost function to estimate WWW [29], i.e.,

IIVA
∆
= I[y1(t); . . . ;yN (t)]

=

N
∑

n=1

H [yn(t)]−H [y1(t), . . . ,yN (t)]

=

N
∑

n=1

H [yn(t)]−H [W[1]x[1](t), . . . ,W[K]x[K](t)]

=

N
∑

n=1

H [yn(t)]−

K
∑

k=1

log | det(W[k])| − CIVA

=

N
∑

n=1

(

K
∑

k=1

H [y[k]n (t)]− I[yn(t)]

)

−

K
∑

k=1

log | det(W[k])| − CIVA

(6)
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Fig. 2. The feature mixing model. XXX ∈ R
N×T×K denotes the feature tensor.

AAA ∈ R
N×N×K denotes the mixing tensor. SSS ∈ R

N×T×K denotes the IFC
tensor.
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Fig. 3. The IFC estimation model. YYY ∈ R
N×T×K denotes the estimation

of the IFC tensor. WWW ∈ R
N×N×K denotes the demixing tensor, which can

be considered as speaker model. XXX ∈ R
N×T×K denotes the feature tensor.

where I [·] denotes the mutual information, H [·] denotes

the entropy, and det (·) denotes the determinant. yn(t) =

[y
[1]
n (t), . . . , y

[K]
n (t)]T ∈ R

K×1 is the estimation of nth source

component vector (SCV) sn(t) = [s
[1]
n (t), . . . , s

[K]
n (t)]T ∈

R
K×1 for the tth frame, n ∈ {1, . . . , N}. CIVA =

H [x[1](t), . . . ,x[K](t)] is a constant term. When the cost func-

tion is minimized, the mutual information, I[yn(t)], should be

maximum, which means the dependence on different feature

types is maximum.

Newton’s method [29] can be used for minimizing the IVA

cost function to obtain the speaker modelWWW . The gradient of

the IVA cost function for w
[k]
n can be firstly calculated by

∂IIVA

∂w
[k]
n

= E
{

φ[k](yn(t))x
[k](t)

}

−
h
[k]
n

(

h
[k]
n

)T

w
[k]
n

(7)

where E {·} is the expectation. w
[k]
n = [w

[k]
n1 , . . . , w

[k]
nN ]T ∈

R
N×1 denotes the nth row of the kth demixing matrix W

[k].

φ[k](yn(t))
∆
= −∂ log p(yn(t))/∂y

[k]
n (t). p(yn(t)) is the joint

probability density function (JPDF) of yn(t). h
[k]
n ∈ R

N×1

is a unit-length vector, and it satisfies W̃
[k]
n h

[k]
n = 0, where

W̃
[k]
n ∈ R

(N−1)×N is the result of W[k] removing the nth row

[30], [31]. Then, the gradient of the IVA cost function for the

nth demixing vector wn = [(w
[1]
n )T, . . . , (w

[K]
n )T]T ∈ R

KN×1

is calculated by

∂IIVA

∂wn

=

[

(

∂IIVA

∂w
[1]
n

)T

, . . . ,

(

∂IIVA

∂w
[K]
n

)T
]T

(8)

The Hessian matrix, HSCV
∆
= ∂2IIVA/∂wn∂w

T
n, can be

divided into K ×K blocks and the dimension of each block

is N ×N , i.e., HSCV ∈ R
KN×KN . The rows of the kth

1 block

and the columns of the kth
2 block of the Hessian matrix are

denoted with Hk1,k2 = ∂2IIVA/∂w
[k1]
n ∂(w

[k2]
n )T ∈ R

N×N ,

where k1, k2 = 1, . . . ,K . The off-block diagonal entries are

Hk1,k2 = E

{

∂φ[k2](yn(t))

∂w
[k1]
n

(

x[k2](t)
)T
}

, k1 6= k2 (9)

The block diagonal entries of the Hessian matrix are

Hk,k = E

{

∂φ[k](yn(t))

∂w
[k]
n

(

x[k](t)
)T
}

+
h
[k]
n

(

h
[k]
n

)T

(

(

h
[k]
n

)T

w
[k]
n

)2

(10)

The w
new
n can be obtained with

w
new
n ← w

old
n − ηH

−1
SCV

∂IIVA

∂wn

(11)

where η is the learning rate.

In this paper, the JPDF of the nth estimated SCV is

considered as a zero-mean and real-valued K-dimensional

multivariate Gaussian distribution

p(yn(t)|Ψn) =
1

(2π)
K

2 det (Ψn)
1

2

exp

(

−
1

2
yn(t)

T
Ψ

−1
n yn(t)

)

(12)

where the estimation of the SCV covariance matrix Ψn can

be calculated with maximum likelihood estimates.

Ψ̂n =
1

T

T
∑

t=1

yn(t)y
T
n(t) (13)

The φ[k](yn(t)) can be calculated by

φ[k](yn(t)) = {Ψ̂
−1
n yn(t)}k (14)

where {·}k denotes the index. Then, the Eq. 9 and Eq. 10 can

be simplified because

E

{

∂φ[k2] (yn(t))

∂w
[k1]
n

(

x[k2](t)
)T
}

=
{

Ψ̂
−1
n

}

k1,k2

R
[k1,k2]
x

(15)

where {·}k1,k2 denotes index. The estimation of R
[k1,k2]
x is

obtained by

R̂
[k1,k2]
x =

1

T

T
∑

t=1

x[k1](t)
(

x[k2](t)
)T

(16)

B. Fusion Feature

For kth branch of the PCNN in Fig. 4, the y[k] (t) of

the tth frame of ψth sentence is firstly convoluted by C1

convolutional kernels with the kernel size of n1 × 1. The

outputs of the first convolutional layer are activated with the

the scaled exponential linear units (SELU) [32]. The activated

outputs of the first convolutional layer are convoluted by C2

convolutional kernels with kernel size of n2×1×C1, and they

are also activated with the SELU, i.e.,

uktψ = BN
(

SELU
(

Conv1k

(

y[k] (t;ψ) ;Φ1k

)))

(17)

vktψ = BN (SELU (Conv2k (uktψ ;Φ2k))) (18)
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Fig. 4. The block diagram of the PCNN-I. ‘I’ denotes the capital of the
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classifier. SELU denotes the scaled exponential linear units. FC denotes the
fully connected layer. BN denotes the batch normalization.

where uktψ ∈ R
(N−n1+1)×1×C1 denotes the outputs of the

first convolutional layer of the tth frame of the ψth sentence.

vktψ ∈ R
(N−n1−n2+2)×1×C2 denotes the outputs of the

second convolutional layer of the tth frame of the ψth sentence.

BN (·) denotes the batch normalization [33]. SELU (·) denotes

the SELU non-linear activation function. Conv1k (·;Φ1k) and

Conv2k (·;Φ2k) denote the first convolutional operation with

the parameters Φ1k and the second convolutional operation

with the parameters Φ2k, respectively. The deep feature of the

kth feature type can be obtained by concatenating all outputs

of the second convolutional layer, i.e.,

Vkψ = [vk1ψ , . . . ,vkTψ ] (19)

where Vkψ ∈ R
(N−n1−n2+2)×T×C2 denotes the deep feature.

The fusion feature of the speaker’s ψth sentence can be

obtained by integrating K deep features, i.e,

VVVψ = {V1ψ , . . . ,VKψ} (20)

where VVVψ ∈ R
(N−n1−n2+2)×T×C2K denotes the fusion fea-

ture of the speaker’s ψth sentence. The fusion feature is

convoluted with C3 convolutional kernels, and the size of

which is n3×1×C2K with the dilation of D. The outputs of

the third convolutional layer are activated with the the SELU.

BBBψ = BN (SELU (Conv3 (VVVψ ;Φ3))) (21)

where BBBψ ∈ R
[N−n1−n2−n3−(D−1)(n3−1)+3]×T×C3 denotes

the output of the third convolutional layer. Conv3(·;Φ3) de-

notes the third convolution with the parameters Φ3. A statistics

pooling is applied on the BBBψ to compute its mean vector and

variance vector over t, i.e.,

ϕψ = mean
t

(BBBψ) (22)

γψ = var
t
(BBBψ) (23)

where ϕψ ∈ R
C3[N−n1−n2−n3−(D−1)(n3−1)+3]×1 and γψ ∈

R
C3[N−n1−n2−n3−(D−1)(n3−1)+3]×1 denote mean vector and

variance vector, respectively. A segment embedding is ob-

tained by concatenating the average vector and variance vector,

respectively, i.e.,

eψ = [ϕψ ;γψ] (24)

where eψ ∈ R
2C3[N−n1−n2−n3−(D−1)(n3−1)+3]×1 denotes the

segment embedding. The segment embedding eψ is used as

the input of the fully connected (FC) layers, i.e.,

mψ = BN
(

SELU
(

W T
1 eψ + c1

))

(25)

nψ = BN
(

SELU
(

W T
2 mψ + c2

))

(26)

where mψ ∈ R
F1×1 and nψ ∈ R

F2×1 are the

outputs of the first and second FC layer. W1 ∈
R

2C3[N−n1−n2−n3−(D−1)(n3−1)+3]×F1 and W2 ∈ R
F1×F2 are

the weights of the first and second FC layers, respectively.

c1 ∈ R
F1×1 and c2 ∈ R

F2×1 are the biases of the first

and second FC layers, respectively. Finally, the outputs of the

second FC layer are used as the input of the softmax layer,

i.e.,

oλψ =
exp

(

wT
λnψ + bλ

)

∑

τ

exp (wT
τnψ + bτ )

(27)

where the oλψ denotes the probability that the ψth sentence is

predicted to be the λth speaker. wλ ∈ R
F2×1 and wτ ∈ R

F2×1

denote the λth and τ th column weights in the softmax layer,

respectively. bλ and bτ are scalars, and they denote the biases

of the λth and τ th neuron, respectively. λ ∈ {1, . . . , Cspk},
τ = 1, . . . , Cspk. Cspk denotes the number of the speakers.

The cross entropy loss is used to optimize the PCNN-I.

LCE = −
1

Γ

Γ
∑

ψ=1

Cspk
∑

λ=1

lλψ log oλψ (28)

where LCE denotes cross entropy loss. Γ denotes the number

of the sentences of the mini-batch.

lλψ =

{

1, λ = ψ
0, λ 6= ψ

(29)

where lλψ denotes the speaker labels.

IV. EXPERIMENTS

A. Datasets

Two datasets are employed to evalute the performances of

the proposed speaker recognition system, i.e., the Free ST

Chinese Mandarin Corpus1 (FSCMC), AISHELL-1 [34]. The

FSCMC is an open-source Mandarin speech corpus, and it

is recorded in silence in-door environment using cellphone.

1[Online]. Available: http://www.openslr.org/38

http://www.openslr.org/38
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The sampling rate of the speech signals in this dataset is 16

kHz, the bit depth of the speech signals is 16 bits, and the

speech signals are mono. This corpus contains 855 speakers

with 443 males and 412 females, and each speaker has 120

utterances. All utterances are carefully transcribed and checked

by human. The AISHELL-1 is also an open-source Mandarin

speech corpus. It includes 400 speakers over 170 hours of

Mandarin speech data, the gender is balanced with 47% male

and 53% female, and most speakers are of age 16 to 25. The

audio utterances are resampled to 16 kHz and 16-bit WAV

format.

B. Speech Features

For each sentence, the silence and unvoiced sounds of the

training and testing sentences are removed with the voice

activation detection. The duration of the training and testing

sentences is fixed at 3.015 s. If the duration of the training

and testing sentences is longer than 3.015 s, the segments

with the duration of 3.015 s are randomly selected from these

sentences. Otherwise, these sentences are padded into 3.015 s

with themselves. The training and testing sentences are pre-

emphasized with a pre-emphasis of 0.97. The pre-emphasized

speech signals are divided into overlapping frames with a

frame-length of 25 ms and a frame-shift of 10 ms, so the

number of the frame-length and the frame-shift are U = 400
and V = 160 (because sample rate of the speech signals is

16 kHz), respectively. Each frame of the speaker’s speech is

multiplied by a Hamming window. For each sentence, there

are T = 300 frames.

1) LPCs Matrix: For each frame of the speaker’s speech,

the LPCs are calculated with Eq. 1 and the order R is set to 13.

The first derivatives ∆l and the second derivatives ∆2
l of the

LPCs are calculated to capture the information about how the

LPCs changes over time. The LPCs, ∆l and ∆2
l are concate-

nated to form TD feature vector LPCs+∆l+∆
2
l ∈ R

39×1, i.e.,

N = 39. For each sentence, the LPCs matrix X
[1] ∈ R

39×300

can be obtained by concatenating all TD feature vector.

2) MFCCs Matrix: For each frame of the speaker’s speech,

the spectrograms are obtained with discrete fourier trans-

form, which are then processed by a mel filterbank of 39

triangular filters. The LOG-MEL features are obtained by

the log operation for the results of the mel filterbank. The

13-dimensional MFCCs are calculated by applying DCT to

LOG-MEL features. The first derivatives ∆m and second

derivatives ∆2
m of the MFCCs are calculated to capture the

dynamic changes of the MFCCs over time. The MFCCs,

∆m and ∆2
m are concatenated to obtain FD feature vector

MFCCs+∆m+∆2
m ∈ R

39×1. For each sentence, the MFCCs

matrix X
[2] ∈ R

39×300 is obtained by concatenating all FD

feature vector.

3) Feature Tensor: For a sentence of the speaker, the

feature tensor XXX can be obtained by paralleling X
[1] and

X
[2], i.e., K = 2. It is worth noting that the feature tensor

XXX ∈ R
39×300×2 is also the fusion feature without using the

IVA.

TABLE I
THE PCNN-I STRUCTURE

No. Layer Name Kernel Size Output

1
Y

[1] - (39, 300, 1)

Y
[2] - (39, 300, 1)

2
Convolution11 n1 × 1 (40−n1, 300, 32)

Convolution12 n1 × 1 (40−n1, 300, 32)

3
Convolution21 5× 1× 32 (36−n1, 300, 32)

Convolution22 5× 1× 32 (36−n1, 300, 32)

4 Integration - (36−n1, 300, 64)

5 Convolution3 7× 1× 64 (30−n1, 300, 64)

6 Pooling - (3840−128n1 , 1)

7 FC 1 - (512, 1)

8 FC 2 - (512, 1)

9 Softmax - (Cspk, 1)

n2 = 5, n3 = 7, C1 = 32, C2 = 32, C3 = 64, D = 3,
F1 = 512,F2 = 512.

TABLE II
THE NCNN STRUCTURE

No. Layer Name Kernel Size Output

1 YYY - (39, 300, 2)

2 Convolution n×K (64, T )

3 Pooling - (128, 1)

4 FC 1 - (64, 1)

5 FC 2 - (64, 1)

6 Softmax - (Cspk , 1)

TABLE III
THE PCNN-C STRUCTURE

No. Layer Name Kernel Size Output

1
Y

[1] - (39, 300, 1)

Y
[2] - (39, 300, 1)

2
Convolution11 n× 1 (40−n, 300, 32)

Convolution12 n× 1 (40−n, 300, 32)

3
Convolution21 5× 1× 32 (36−n, 300, 32)

Convolution22 5× 1× 32 (36−n, 300, 32)

4
Pooling 1 - (2304−64n, 1)

Pooling 2 - (2304−64n, 1)

5 Concatenation - (4608−128n, 1)

6 FC 1 - (512, 1)

7 FC 2 - (512, 1)

8 Softmax - (Cspk, 1)

C. Performance Measure

The accuracy (ACC) rate is employed to evaluate the

performances of the speaker recognition system, i.e.,

ACC =
number of correct classified samples

number of total testing samples
× 100%

(30)

D. Baseline Systems

In this section, we introduce some baseline speaker recog-

nition systems [9], [13], [14], [15], [35]. In [9], the speech

signals were pre-emphasized with a factor of 0.97. The speech
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signals were divided into overlapping frames with a frame-

length of 25 ms and a frame-shift of 10 ms, and each

frame was multiplied with a Hamming window. The log-mel

filterbank features can be extracted from the frames of the

speech signals, and then these features were utilized as the

input of two CNNs, i.e., ResNet and VGG, with multi-head

SA mechanism for text-independent speaker identification. For

the sake of legibility, the ResNet and VGG with the multi-head

mechanism were abbreviated as the ResNet + SA and VGG

+ SA, respectively.

In [13], the speech signals were pre-emphasized and seg-

mented into frames with the length of 50 ms and a shift of

25 ms. The 40-dimension MFCCs, its first-order derivatives

and 12-dimension CENS features were computed from each

frame, and then these features were concatenated at frame level

to yield a short-term feature vector, i.e., the fusion features.

A CNN was trained to identify the identity of the speaker

with the MFCCs and its first-order derivatives, or the fusion

features. For the sake of legibility, the speaker recognition

system with the MFCCs and its first-order derivatives was

abbreviated as the MFCCs + CNN, and the speaker recognition

system with the fusion features was abbreviated as MFCCs +

CENS + CNN.

In [14], the 20-dimensional LPCs and MFCCs and their

first order delta coefficients were extracted from all frames

of the speech signals for speaker verification. The extracted

features were normalized using cepstral mean and variance

normalization (CMVN). The LPCs and MFCCs with their first

order delta coefficients, which were extracted from the same

frame, were combined with a dilated 1D convolutional filter to

obtain a frame-level embedding. The utterance-level embed-

ding was obtained by aggregating the frame-level embeddings

across 200 frames using the average pooling. For the sake

of legibility, this speaker recognition system was abbreviated

with LPCs-MFCCs + 1D-Triplet-CNN.

In [15], a speech signal of a speaker was segmented

into overlapping frames and tapered with three different

multitapers, i.e., thomson tapers (tt), sine tapers (st) and

multipeak (mp) tapers. The MFCCs and PNCCs were ex-

tracted from these frames to obtain six features, i.e., tt-

MFCCs, st-MFCCs, mp-MFCCs, tt-PNCCs, st-PNCCs, mp-

PNCCs. Then, the feature warping (FW) and CMVN were

used to normalize these six features to obtain twelve

features, i.e., tt-MFCCsFW, st-MFCCsFW, mp-MFCCsFW,

tt-MFCCsCMVN, st-MFCCsCMVN, mp-MFCCsCMVN, tt-

PNCCsFW, st-PNCCsFW, mp-PNCCsFW, tt-PNCCsCMVN,

st-PNCCsCMVN, mp-PNCCsCMVN. The i-vectors of the

speaker’s speech were calculated with these twelve features.

All i-vectors were fused by calculating the concatenation of

these i-vectors for speaker identification by the extreme learn-

ing machine (ELM). For the sake of legibility, this speaker

recognition system was abbreviated with i-vector + ELM.

In [35], the speech signals were divided into several frames

with the length of 25 ms and an overlap of 10 ms. A 13-

dimensional GFCC feature vector was extracted from a frame

of a speaker’s speech. The mean and variance normalized

GFCC (MVNGFCC) feature vector was obtained by calcu-

lating the mean and variance of a GFCC feature vector. The

i-vector of a sentence was calculated with all MVNGFCC

feature vectors of a sentence, and it was used as the input

of the probabilistic linear discriminant analysis model for

speaker identification. For the sake of legibility, this speaker

recognition system was abbreviated as the i-vector.

E. Experiment 1

One hundred speakers are randomly selected from the

FSCMC and AISHELL-1. For each speaker, 100 sentences

are employed as the training data and another 20 sentences

are used as the testing data. The texts of the speech signals

are different between the training data and the testing data.

For a sentence of a speaker, to obtain Y
[1] ∈ R

39×300×1

and Y
[2] ∈ R

39×300×1, the speaker model WWW ∈ R
39×39×2

is randomly initialized, and then WWW is estimated with XXX by

using the IVA. The learning rate η of the IVA is initially set

to 1.0, η ≥ 1× 10−6. η is multiplied with 0.9 if the value of

the Eq. 6 increased. Y[1] and Y
[2] are calculated withWWW and

XXX , and they are used as the input of the PCNN-I to extract

the deep features of the LPCs matrix and MFCCs matrix,

respectively. The deep features can be integrated to obtain

the fusion feature of the speaker’s speech, and then the fusion

feature is used as the input of the DCNN classifier for speaker

recognition. The structure of the PCNN-I is shown in Table

I. The PCNN-I is implemented with Pytorch [36], and the

Adam [37] optimizer is used as the optimizer for the PCNN-I.

The proposed speaker recognition system is compared with the

baseline speaker recognition systems [9], [13], [14], [15], [35],

and the experimental schemes are consistent with the original

paper. The experimental results are shown in Table IV, where

it can be seen that the proposed speaker recognition system

achieves comparable performances compared with the baseline

speaker recognition systems. For example, on the FSCMC,

the ACC of proposed speaker recognition system is 99.70%,

and the ACC of the LPCs-MFCCs + 1D-Triplet-CNN [14] is

99.65%. On the AISHELL-1, the ACC of the proposed speaker

recognition system is 99.00%, and the ACC of the i-vector [35]

is 97.25%.

F. Experiment 2

Two other speech feature fusion algorithms based on IVA

are also introduced to compare the proposed speech feature fu-

sion algorithm. For the first fusion algorithm, Y[1] and Y
[2] are

paralleled to obtain the fusion feature of the speaker’speech,

and the fusion feature is used as the input of the non-parallel

CNN (NCNN) for text-independent speaker recognition. The

SELU is utilized as the activation function of the convolution

layer and two FC layers. The structure of the NCNN is shown

in Table II. For the second fusion algorithm, Y[1] and Y
[2]

are used as the input of the PCNN to obtain the deep features

of the TD and FD features, respectively. These deep features

are pooled to obtain a mean vector and a variance vector,

respectively. The mean vector and the variance vector are

concatenated to obtain the fusion feature of the speaker’s

speech. The fusion feature is used as the input of the FC

layers, and output of the FC layers is utilized as the input

of the softmax layer for text-independent speaker recognition.
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The SELU is used as the activation function of the convolution

layers in PCNN and two FC layers. The activations of each

layer is used as the input of the BN. This feature fusion

algorithm can be achieved with the PCNN-C, where ‘C’

denotes the capital of the first letter of the concatenation. The

structure of the PCNN-C is shown in Table III. The NCNN and

PCNN-C are implemented with Pytorch [36], and the Adam

[37] optimizer is used as the optimizer for the NCNN and

PCNN-C, respectively. The cross entropy loss is utilized as

the loss function of the NCNN and PCNN-C, respectively.

The experimental results are shown in Table V and Table VI,

where it illustrates that the performances of the PCNN-I are

better than the those of the NCNN and PCNN-C. For example,

across the Table V and Table VI, for the kernel size of 3× 1,

the ACC of Y[1] + Y
[2] + PCNN-I is higher than the ACC of

the Y
[1] + Y

[2] + PCNN-C by 0.70% and the ACC of Y
[1]

+ Y
[2] + PCNN-I is also higher than the ACC of YYY + NCNN

by 2.25%. The experimental results also demonstrate that the

performances of the PCNN-C are better than the those of the

NCNN. For example, across the Table V and Table VI, for

the kernel size of 3× 1, the ACC of Y[1] + Y
[2] + PCNN-C

succeeds the ACC of the YYY + NCNN by 1.85%.

G. Experiment 3

To evaluate the performances of the speaker recognition

system with different speech features, 100 speakers are se-

lected from the FSCMC, for each speaker, 100 sentences

are used as the training data, and another 20 sentences are

used as the testing data. The texts of the speech signals are

different between the training data and the testing data. Four

speech features, i.e., YYY , XXX , X[1], X[2], are extracted from the

sentence of the FSCMC, and they are used as the input of

the NCNN, respectively. If YYY or XXX is used as the input of

the NCNN, K is set to 2. If X
[1] or X

[2] is used as the

input of the NCNN, K is set to 1. The experimental results

of XXX + NCNN and YYY + NCNN are shown in Table VI,

and the experimental results of X
[1] + NCNN and X

[2] +

NCNN are shown in Table VII. From the Table VI and Table

VII, we can see that the speaker recognition system using

multiple feature, i.e., YYY orXXX , is superior to that of using single

speech feature, i.e., X[1] or X[2]. For instance, compared with

the X
[1] + NCNN with the kernel size of 3 × 1, the ACC

of the XXX + NCNN with the kernel size of 3 × 2 improves

6.35%, and the ACC of the YYY+NCNN with 3 × 2 increases

8.75%. The ACC of the speaker recognition system using XXX
is also higher than that using single feature, i.e., X[1] or X[2].

For other kernel sizes, the NCNN using multiple feature also

outperforms the NCNN using the single speech feature. It can

be attributed to the complementarities between the TD feature

and FD feature of the speaker’s speech. From the Table VI,

the ACC of the YYY + NCNN is superior than that of the XXX
+ NCNN. For instance, for kernel size 3 × 2, the ACC of

the YYY + NCNN is higher than that of the XXX + NCNN by

2.40%. The reason for the improvements of the ACCs is that

(a) the LPCs and MFCCs extracted from the same frame are

complementary, i.e., the LPCs are based on a theory of the

speech production mechanism while the MFCCs are based

TABLE IV
THE ACCS (%) OF DIFFERENT SPEAKER RECOGNITION SYSTEMS.

FSCMC DENOTES THE FREE ST CHINESE MANDARIN CORPUS.

No. Methods FSCMC AISHELL-1

1 Y
[1] + Y

[2] + PCNN-I (3 × 1) 99.70 99.00

2 ResNet + SA [9] 94.95 89.15

3 VGG + SA [9] 94.85 88.20

4 MFCCs + CNN [13] 93.60 91.00

5 MFCCs + CENS + CNN [13] 94.05 92.20

6 LPCs-MFCCs + 1D-Triplet-CNN [14] 99.65 99.75

7 i-vector + ELM [15] 99.55 99.80

8 i-vector [35] 94.05 97.25

TABLE V
THE ACCS (%) OF THE SPEAKER RECOGNITION SYSTEM USING Y

[1]

AND Y
[2] WITH THE PCNN-C OR PCNN-I ON THE FSCMC. THE

KERNEL SIZE OF THE SECOND CONVOLUTION LAYER IS 5× 1.

Kernel Size (n1 × 1) 1 × 1 3 × 1 5 × 1 7 × 1

Y
[1] + Y

[2] + PCNN-I 99.45 99.70 99.55 99.45

Y
[1] + Y

[2] + PCNN-C 99.10 99.00 99.15 99.10

TABLE VI
THE ACCS (%) OF THE SPEAKER RECOGNITION SYSTEM USING XXX OR YYY

WITH THE DIFFERENT KERNEL SIZES OF THE NCNN ON THE FSCMC. IF

XXX OR YYY IS USED AS THE INPUT OF THE NCNN, K IS SET TO 2. NCNN
DENOTES NON-PARALLEL CNN.

Kernel Size (n×K) 1 × 2 3 × 2 5 × 2 7 × 2

YYY + NCNN 96.80 97.15 96.95 96.80

XXX + NCNN 94.45 94.75 95.15 95.60

TABLE VII
THE ACCS (%) OF THE SPEAKER RECOGNITION SYSTEM USING X

[1] OR

X
[2] WITH THE DIFFERENT KERNEL SIZES OF THE NCNN ON THE

FSCMC. IF X
[1] OR X

[2] IS USED AS THE INPUT OF THE NCNN, K IS

SET TO 1. NCNN DENOTES NON-PARALLEL CNN.

Kernel Size (n×K) 1 × 1 3 × 1 5 × 1 7 × 1

X
[1] + NCNN 84.40 88.40 88.60 89.35

X
[2] + NCNN 91.95 93.35 94.30 95.00

on the speech perception by the human auditory system, and

(b) the dependence on the different feature types is enhanced

and the redundancies of the same feature type are removed by

using the IVA. This experimental results support the benefit of

the IVA, since the best performances of the speaker recognition

system are obtained using YYY , thus approving our contributions.

H. Experiment 4

Generally, the performances of the speaker recognition

system can be effected by the various kernel sizes of the neural

network. One hundred speakers are selected from the FSCMC,

for each speaker, 100 sentences are used as the training data,

and another 20 sentences are used as the testing data. The texts

of the speech signals are different between the training data
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and the testing data. Four speech features, i.e., YYY , XXX , X[1],

X
[2], are extracted from the sentence of the FSCMC. If X[1]

or X
[2] is employed as the input of the NCNN, the kernel

sizes of the NCNN are set to 1 × 1, 3 × 1, 5 × 1 and 7 × 1,

respectively. If XXX or YYY is used as the input of the NCNN, the

kernel sizes of the NCNN are set to 1 × 2, 3 × 2, 5 × 2 and

7×2, respectively. If Y[1] and Y
[2] are used as the input of the

PCNN-C or PCNN-I, the kernel sizes of the first convolutional

layer of each branch of the PCNN-C or PCNN-I are set to 1×1,

3× 1, 5× 1 and 7× 1, respectively. From Table V, for Y[1] +

Y
[2] + PCNN-I, the best performances are achieved when the

kernel size of the PCNN-I is set to 3× 1. For Y[1] + Y
[2] +

PCNN-C, the best performances are achieved when the kernel

size of the PCNN-C is set to 5 × 1. From Table VI, the best

performances of YYY + NCNN are achieved when the kernel

size of the NCNN is set to 3 × 2. The best performances of

XXX + NCNN are achieved when the kernel size of the NCNN

is set to 7 × 2. From Table VII, for X
[1] + NCNN and X

[2]

+ NCNN, the best performances of the speaker recognition

system can be achieved when the kernel size of the NCNN is

set to 7× 1.

V. CONCLUSION

In this paper, a novel speech feature fusion algorithm is

proposed for text-independent speaker recognition. The TD

and the FD features can be extracted from the speaker’s

speech to build the feature tensor. Then, the IVA can be

utilized to obtain the speaker model, i.e., demixing tensor,

and the IFC matrices of the TD and FD features to remove

the redundancies of the same feature type and enhance the

dependence of the different feature types. The IFC matrices

are used as the input of the PCNN to obtain the deep features

of the TD and FD features, respectively. These deep features

can be integrated to obtain the fusion feature of the speaker’s

speech. The experimental results indicate that the proposed

speaker recognition system achieves comparable performances

compared with the baseline speaker recognition systems.
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