
IEEE SIGNAL PROCESSING LETTERS, VOL. 29, 2022 2003

Alias-and-Separate: Wideband Speech Coding Using
Sub-Nyquist Sampling and Speech Separation

Soojoong Hwang, Eunkyun Lee, Student Member, IEEE, Inseon Jang , and Jong Won Shin , Member, IEEE

Abstract—Decimation of a discrete-time signal below the Nyquist
rate without applying an appropriate lowpass filter results in a
distortion called aliasing. If wideband speech sampled at 16 kHz
is decimated by 2 to result in a signal sampled at 8 kHz with
aliasing, the decimated signal would be the summation of two
speech-like signals, which are the narrowband speech covering
0-4 kHz and the spectrally flipped aliasing component coming from
8-4 kHz. Recently, the performance of speech separation has been
remarkably improved with deep learning-based approaches, im-
plying that the narrowband and aliasing components may be able to
be separated. In this letter, we propose a novel method for low-rate
wideband speech coding utilizing a standard narrowband codec.
Instead of coding wideband speech using a wideband codec with a
limited bitrate, we propose to decimate the input wideband speech
incurring aliasing, and then encode it with a narrowband codec
by allocating all the allowed bitrate to 0-4 kHz. After decoding
the encoded bitstream, we apply a speech separation technique to
obtain the narrowband and aliasing signals, which are then used
to reconstruct the wideband speech by expansion, low/highpass
filtering, and summation. Experimental results showed that the
proposed method could achieve subjective quality comparable to
the speeches coded by wideband codecs at higher bitrates in a
subjective MUSHRA test.

Index Terms—Frequency aliasing, speech codec, audio codec,
speech separation, coded signal enhancement.

I. INTRODUCTION

S PEECH codec aims to represent speech signals with a small
number of bits while maintaining perceived quality and

intelligibility of them to a certain extent for efficient transmission
or storage. When codecs operate at low bitrates, coding artifacts
such as quantization noise, pre-echo, and bandwidth limitation
degrade the quality of the decoded speech. Many pre/post-
processing have been proposed to mitigate this problem [1],
[2], [3], [4], [5], [6], [7], [8]. Recently, deep learning-based
approaches have also been adopted to improve the quality of

Manuscript received 14 June 2022; revised 6 September 2022; accepted 10
September 2022. Date of publication 16 September 2022; date of current version
29 September 2022. This work was supported by the Korean Government
through the Electronics and Telecommunications Research Institute (ETRI)
under Grant 22ZH1200 [The research of the basic media contents technologies].
The associate editor coordinating the review of this manuscript and approving
it for publication was Dr. Sri Rama Murty Kodukula. (Soojoong Hwang and
Eunkyun Lee contributed equally to this work.) (Corresponding author: Jong
Won Shin.)

Soojoong Hwang, Eunkyun Lee, and Jong Won Shin are with the School
of Electrical Engineering and Computer Science, Gwangju Institute of Science
and Technology, Gwangju 61005, South Korea (e-mail: sjhwang@gm.gist.ac.kr;
lek940309@gm.gist.ac.kr; jwshin@gist.ac.kr).

Inseon Jang is with the Electronics and Telecommunications Research Insti-
tute, Daejeon 34129, South Korea (e-mail: jinsn@etri.re.kr).

Digital Object Identifier 10.1109/LSP.2022.3207381

the decoded signals [9], [10], [11], [12], [13], [14], [15], [16],
[17], [18]. Convolutional neural network-based post-processing
was proposed to enhance the low order cepstral coefficient of the
decoded signals in [9]. In [10], long short-term memory recurrent
neural networks were applied in temporal and spectral directions
to estimate the clean magnitude spectrogram from the audio
signals coded at a low bitrate. A generative adversarial model
was employed in [11], assuming that information lost by low
bitrate coding can be recovered by the model. Mask estimation
for coded speech enhancement was also proposed employing a
convolutional encoder-decoder structure in [12]. The decoders
of the standard codecs were replaced by the neural networks
in [13], [14], while the whole codecs were constructed by neu-
ral networks in [15] and [16]. Post-processing utilizing neural
network-based side information was proposed in [17] and [18].

Wideband (WB) speech coding requires higher bitrates than
narrowband (NB) speech coding, in general. As high frequency
components are less important than low frequency components
for audio signals, some codecs such as advanced audio coding
(AAC) [19] focus on coding low frequency components better
while discarding high frequency components when operating
at low bitrates. One extreme is to code only NB speech with a
NB speech codec and apply blind bandwidth extension (BWE)
such as [20] and [21] to the decoded NB speech. An alternative
approach is to assign small amount of bits to the information
required for the BWE [22].

In this letter, we propose a novel method for WB speech cod-
ing using NB speech codecs and speech separation. Firstly, we
decimate the WB speech signal sampled at 16 kHz by a factor of
2 without any anti-aliasing lowpass filter, intentionally incurring
frequency aliasing. This signal can be thought to be a mixture of
the NB component of the original signal covering 0-4 kHz and
spectrally flipped aliasing signal which is the original signal in
8-4 kHz range. Since two mixed signals would be speech-like
and the speech separation techniques have shown impressive
performances with deep learning approaches, we propose to
code the decimated speech with aliasing using a NB speech
encoder, and separate the decoded signal by applying a deep
learning-based speech separation technique. The separated sig-
nals are used to reconstruct the WB speech through expansion,
low/highpass filtering, and summation. Experimental results
showed that the signals reconstructed by the proposed method
with NB speech codecs exhibited comparable quality to the sig-
nal coded and decoded by WB codecs at higher bitrates in MUl-
tiple Stimuli with Hidden Reference and Anchor (MUSHRA)
test [23].
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Fig. 1. Block diagram of the proposed coding scheme.

Fig. 2. Illustration of the aliasing caused by decimation with a factor of 2
which results in the addition of two signals in the spectral domain, and the
spectra of the separated and expanded signals corresponding to the NB and
aliasing components.

II. WIDEBAND SPEECH CODING WITH NARROWBAND CODING

OF ALIASED SIGNALS AND SPEECH SEPARATION

Traditionally, the aliasing caused by sub-Nyquist sampling is
thought to be an artifact that cannot be removed, and anti-aliasing
lowpass filters are applied before sampling or decimation to
prevent the aliasing artifact sacrificing high frequency contents
over the Nyquist frequency. However, aliased signals can be
thought of as the addition of the low frequency and the spectrally
flipped high frequency components, and recent advances in the
deep learning-based speech separation may have made the sep-
aration of those signals possible although they originated from
a single source. The overall block diagram is shown in Fig. 1
and the detailed description of the proposed coding scheme and
the specific choice of the separation network are given in the
following subsections.

A. Detailed Description of the Proposed Coding Scheme

On the encoder side, an aliased NB signal xa[n] is generated
by decimating the original WB signal xi[n] with a factor of 2
as xa[n] = xi[2n]. As illustrated in Fig. 2, the NB components
of xi[n] between 0 and π

2 cover 0 to π in the spectrum of xa[n],
and the spectrally flipped high frequency components above π

2
or 4 kHz are superimposed as

Xa

(
ejω

′
)
=

1

2
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where Xa and Xi denote the discrete-time Fourier transform
(DTFT) representations of xa and xi, respectively. The aliased
signal can thus be considered as a summation of two signals:

xa[n] = xl
a[n] + xh

a [n], (2)

in which xl
a[n] and xh

a [n] are low frequency and aliased high
frequency components, respectively. The decimated signal is
then coded with the encoder of an NB codec and transmitted.
The received bitstream is converted to the decoded signal with
aliasing and codec artifacts, xd[n], which can be thought to
be the summation of two signals, xl

d[n] and xh
d [n], the coded-

and decoded-versions of xl
a[n] and xh

a [n], respectively. A deep
learning-based speech separation method is applied to xd[n] to
obtain xl

d[n] and xh
d [n] separately. The separated signals, x̂l

d[n]
and x̂h

d [n], are expanded by inserting a zero-valued sample after
each sample. The spectra of the expanded signals xl

e[n] and
xh
e [n] are frequency-warped versions of the spectra for x̂l

d[n]
and x̂h

d [n] with period π as shown in Fig. 2. The final estimate of
the input xi[n], xo[n], can be obtained by adding up the lowpass
filtered xl

e[n] and the highpass filtered xh
e [n].

Speech separation techniques aim to extract individual speech
signals x1[n], . . ., xC [n] from the mixture y[n] =

∑C
c=1 xc[n]

[24], [25]. The loss function L to train the speech separation
network can be described as L =

∑C
c=1 L(xc, x̂c), where x̂c

is the estimated signal for the c-th source and L(xc, x̂c) is a
similarity measure. One of the popular choices for L(xc, x̂c) is
the negative scale-invariant signal-to-noise ratio (SI-SNR) [26],
which is defined by

L (xc, x̂c) = −10 log10
||αxc||2

||αxc − x̂c||2 , (3)

in which α =< xc, x̂c > /||xc||2. In the proposed method, we
may let the target signals to be xl

a[n] and xh
a [n] instead of xl

d[n]
and xh

d [n] so that the network performs not only speech-like
components separation but also codec artifact enhancement.
Then, the loss function becomes

Llh
AaS = L

(
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a, x̂

l
d

)
+ L

(
xh
a , x̂

h
d

)
, (4)

where xl
a[n] and xh

a [n] are obtained by decimating lowpass and
highpass filtered versions of xi[n], respectively. An alternative
choice is to measure the similarity between the original input
xi[n] and the final output xo[n] to consider the effect of ex-
pansion, lowpass/highpass filtering and summation. The loss
function is then given by

Le2e
AaS = L(xi, xo). (5)

In the experiment, we used Le2e
AaS with the SI-SNR as the loss

function, which showed slightly better performance.

B. Speech Separation Network

Any speech separation network can be used in the proposed
approach as long as it can be configured to separate signals
real-time. There have been a number of approaches to speech
separation that exhibited impressive performance [24], [25],
[26], [27], [28], [29], [30], [31], [32], [33], [34], [35], [36].
Among them, the end-to-end separation networks that work in
the learnable transformation domain instead of the short-time
Fourier transform domain resulted in successful speech sepa-
ration. In this letter, we employ the Conv-TasNet [25] for the
speech separation at the decoder side, which consists of three
modules: the encoder, separation module, and decoder. In [25],

Authorized licensed use limited to: Kwangju Institute of Science and Technology. Downloaded on October 04,2022 at 05:46:43 UTC from IEEE Xplore.  Restrictions apply. 



HWANG et al.: ALIAS-AND-SEPARATE: WIDEBAND SPEECH CODING USING SUB-NYQUIST SAMPLING AND SPEECH SEPARATION 2005

the input is divided into segments of 2 ms with 50% overlap,
and each segment is transformed into a N dimensional feature
using N learnable filters in the encoder. The separation module
consisting of multiple temporal convolution networks takes the
encoded features to estimate a 2N dimensional masks per each
segment for 2 speaker separation, which are multiplied to the
encoded feature to produce the input for the decoder. Then, the
decoder reconstructs separate signals using N learnable filters.

To utilize the speech separation network as a part of the speech
coding/decoding, the algorithmic delay should be limited. Both
noncausal and causal versions of the Conv-TasNet were pro-
posed in [25], which showed quite big difference in performance.
To achieve good performance of the noncausal Conv-TasNet
without introducing much delay, we feed a block of T samples
as the input to the noncausal version of the Conv-TasNet where
the lastM samples are the current frame of input signal. For each
frame of M samples or M/8 ms, the block of T samples is di-
vided into 2 ms-long segments with 50% overlap and processed
by the Conv-TasNet to produce two separated signals, x̂l

d[n] and
x̂h
d [n] of T samples. From the xo[n] of 2T samples obtained

by expansion, lowpass/highpass filtering and summation, the
last 4M samples (M/4 ms) are used to reconstruct the signal
by adding up the overlapping samples from the current block
and the previous block after applying a Hamming window
of 4M points. As a result, the algorithmic delay becomes
M/8 ms.

III. EXPERIMENTS

A. Experimental Setup

The training data for the proposed method consisted of three
datasets including TIMIT [37], Valentini [38], and Wall Street
Journal0 (WSJ0) [39] datasets which are resampled at 16 kHz
for our experiments. The training set of TIMIT dataset contains
4,620 utterances from 326 male and 136 female speakers, and
the test set consists of 1,680 utterances spoken by 112 male
and 56 female speakers. The Valentini dataset includes 11,572
and 824 utterances spoken by 28 and 2 speakers for training
and test, respectively. All utterances in Valentini dataset were
extracted from the VCTK corpus [40]. The WSJ0 dataset is
composed of 35,487 utterances from 66 male and 65 female
speakers. The training sets of TIMIT and Valentini datasets, and
all utterances in WSJ0 were used to train the network, while
the test sets of TIMIT and Valentini datasets were used for
evaluation. MUSHRA tests [23] were performed to assess the
perceived quality of the signals under test for gender-balanced 8
utterances selected from the test set with 12 expert listeners.
Additionally, the ITU-T Recommendation P.862.2 wideband
perceptual evaluation of speech quality (PESQ) [41] scores were
also evaluated for the whole test set.

We used the same hyperparameters for the Conv-TasNet as
in [25]. The block size T and the frame size M used to form the
input to the Conv-TasNet as described in subsection II.B were
2048 and 128, which amount to 256 ms and 16 ms for 8 kHz
sampling rate, respectively, resulting in the algorithmic delay
of 16 ms. The lowpass and highpass filters were 99-tap finite
impulse response (FIR) ones designed with a Hamming window

at the sampling rate of 16 kHz, although better band-selective fil-
ters such as minimum ripple filters could be used. The separation
network was trained for 20 epochs with a batch size of 4. Each
mini-batch in the training stage had 16,384 samples (2.048 s).
The adaptive moment estimation (Adam) optimizer [42] with a
learning rate of 0.0001 was used.

To demonstrate that the proposed scheme is competitive with
the conventional WB coding schemes, we designed an exper-
iment to compare the subjective quality of the reconstructed
signal using the proposed method with those for the signals
coded and decoded with popular WB codecs operating at the
same or higher bitrates. The NB codec employed in the pro-
posed approach for this experiment was Opus [43], which is
used in various audio applications such as Voice over IP, video
conferencing, and music streaming. The bitrate for the Opus
codec for NB signals, denoted as Opus NB, was set to be a
constant bitrate of 12 kbps in the Silk-only mode [44]. The WB
codecs compared with the proposed alias-and-separate coding
scheme were the Opus codec for WB signals, denoted as Opus
WB, operated at 12 and 16 kbps and the adaptive multi-rate WB
speech codec (AMR-WB) [45] operated at 23.05 kbps.

In addition, as the proposed method generates WB signals
from the ones with the sampling rate of 8 kHz, we have compared
the proposed method with a standard codec employing BWE
with and without a neural network-based post-processing. The
high-efficiency (HE)-AAC v1 [19], [46] encodes the lowband
under a certain cutoff frequency with the Low Complexity AAC
(AAC-LC) and reconstructs the high frequency components us-
ing a BWE technique called spectral band replication (SBR) [47]
using a small portion of the bitrate. In our experiment, we have
used AAC-LC operating at 16 kbps as the NB codec used in the
proposed method, while HE-AAC v1 operating at 20 kbps was
used as the competing WB codec. We have used QAAC [48]
implementation for both AAC-LC and HE-AAC v1. The cut-off
frequency for the lowband of HE-AAC v1 was 3750 Hz, and the
bitrate of SBR for each excerpt was between 0.5 and 0.7 kbps. We
have also compared the performance to that of HE-AAC v1 op-
erating at 20 kbps with a neural network-based post-processing
utilizing side information (NNSI) proposed in [18], which re-
quires additional 0.6 kbps for the side information. Because
the NB contents under 3750 Hz was coded by AAC-LC using
approximately 19.4 kbps for HE-AAC v1 used in the experiment
and the NB signal with aliasing was coded by AAC-LC using 16
kbps for the proposed method, this experiment may provide the
comparison of the proposed method and a BWE method using
side information (i.e., SBR).

B. Experimental Results

Fig. 3 shows the spectrograms of the original signal, the
signals coded-and-decoded by Opus WB at 16 kbps, and the
one reconstructed by the proposed method using Opus NB
operating at 12 kbps for an item used in the MUSHRA test.
The blue boxes highlighted the regions in which the harmonic
structures with high peak-to-valley ratios in the original signal in
Fig. 3(a) degraded in the signal coded-and-decoded by Opus WB
operating at 12 kbps in Fig. 3(b), while they were less damaged in
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Fig. 3. Spectrograms of the sentence “That noise problem grows more annoy-
ing each day.” for (a) the original signal, the signals coded-and-decoded by Opus
WB operating at (b) 12 kbps and (c) 16 kbps, and (d) the one reconstructed by
the proposed method using Opus NB operating at 12 kbps.

the signal reconstructed by the proposed method using Opus NB
operating at 12 kbps in Fig. 3(d). This degradation in Fig. 3(b)
was clearly disturbing subjectively, while the perceived qualities
of Fig. 3(c) and Fig. 3(d) were about the same. On the other
hand, the proposed scheme could not reconstruct the spectral
components marked with green and white boxes effectively,
maybe because the powers of xl

a[n] and xh
a [n]were significantly

different and thus it was harder to reconstruct the weaker one.
The results of the subjective MUSHRA tests are shown in

Fig. 4. The average MUSHRA scores for the first experiment
comparing the qualities of the signals reconstructed by the
proposed method using a NB codec, Opus NB operating at 12
kbps, and by widely-used WB codecs are illustrated in Fig. 4(a).
We can see that the proposed method outperformed Opus WB
operating at 12 kbps (p-value: 0.00029), and was shown to be
comparable to the popular codecs operating at higher bitrates
(p-value > 0.18). This result may imply that the strategy to
assign all the bits to encode the NB components with aliasing
and then separate the low frequency and aliased components was
more effective compared to directly encoding the WB compo-
nents using the same bit budget, i.e., 12 kbps. Although the NB
speech with aliasing did not match the speech production model
assumed in this speech codec, it seems that the coded speech with
aliasing contained enough information to reconstruct the WB
speech signal. The results for the second experiment comparing
the proposed method using AAC-LC at 16 kbps and HE-AAC v1
using a BWE module, SBR, with and without additional neural
network-based post-processing are summarized in Fig. 4(b).
It can be seen that the proposed method showed significantly
better performance than HE-AAC v1 with and without the NNSI
module (p-value < 0.001), although higher number of bits were

Fig. 4. Average MUSHRA scores for 8 utterances evaluated by 12 listeners
comparing the quality of the reconstructed signals by WB codecs and the
proposed scheme. (a) Comparison with the widely-used WB speech codecs,
(b) comparison with HE-AAC with and without neural network-based post-
processing. The 95% confidence intervals are also shown.

TABLE I
AVERAGE WB-PESQ SCORES ON THE TEST SET

assigned to encode the spectral components under 3750 Hz in
HE-AAC v1 and extra bits were utilized for the SBR. It is noted
that the quality of speech coded by the audio codec HE-AAC v1
was worse than that by speech codecs for relatively low bitrate of
12 to 20 kbps. Additionally, we have evaluated the average PESQ
scores for the whole test, which are summarized in Table I. As in
the original paper for Conv-TasNet [25], the PESQ scores did not
align with the subjective listening test results when time domain
speech separation was involved. Some of the sound samples can
be found at https://sapl.gist.ac.kr/demo/sub_Nyquist_coding/.

IV. CONCLUSION

In this letter, we propose a new speech coding scheme for WB
speech utilizing sub-Nyquist sampling, coding and decoding
with a NB codec, and source separation. The input WB signal
is decimated by 2 intentionally incurring aliasing, which is
compressed with a NB encoder. The signal decoded by the
NB decoder is separated using the Conv-TasNet into the low
frequency and aliasing signals, which are used to reconstruct
the signal. Experimental results showed that the proposed coding
scheme with NB speech and audio codecs outperformed the WB
codecs at the same bitrate. Future works may include the coding
of noisy speech or speech over music.
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