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ABSTRACT

In this paper, we propose a dual-stage architecture for band-
width extension (BWE) increasing the effective sampling rate
of speech signals from 8 kHz to 48 kHz. Unlike existing end-
to-end deep learning models, our proposed method explicitly
models BWE using excitation and linear time-varying (LTV)
filter stages. The excitation stage broadens the spectrum of
the input, while the filtering stage properly shapes it based
on outputs from an acoustic feature predictor. To this end,
an acoustic feature loss term can implicitly promote the exci-
tation subnetwork to produce white spectra in the upper fre-
quency band to be synthesized. Experimental results demon-
strate that the added inductive bias provided by our approach
can improve upon BWE results using the generators from
both SEANet or HiFi-GAN as exciters, and that our means of
adapting processing with acoustic feature predictions is more
effective than that used in HiFi-GAN-2. Secondary contribu-
tions include extensions of the SEANet model to accommo-
date local conditioning information, as well as the application
of HiFi-GAN-2 for the BWE problem.

Index Terms— Bandwidth extension, speech enhance-
ment, audio super-resolution, linear time-varying filtering.

1. INTRODUCTION

Bandwidth extension (BWE) aims at estimating missing fre-
quency components of a signal whose bandwidth has been
reduced [1, 2]. Such a reduction is a common artifact of lossy
audio codecs, telecommunication channels, or subpar record-
ing gear. In telephony, it is common to see speech bandwidth
reduced to 4 kHz [3, 4]. An inoptimally placed microphone
could also attenuate lower frequencies below the noise floor.

Early approaches to BWE attempted to infer spectral en-
velopes and/or magnitudes of the upper frequency band from
the available lower band [1, 2, 4]. The first waveform-to-
waveform deep learning model for BWE was introduced in
[5], which used a convolutional encoder/decoder network.
The approach was upgraded by adding temporal feature-
wise linear modulation (TFiLM) to expand the receptive
field of convolutional models [6], or by integrating a par-
allel frequency-domain network alongside of it in order to
combine their advantages [7]. Moreover, generative adver-

sarial networks (GAN) have been proposed for BWE [3, 8],
leveraging the MelGAN adversarial training framework [9]
and using feedforward WaveNet [8, 10, 11] or SEANet [12]
architectures as generators. These methods not only promote
good fidelity in the average sense during training, but also the
plausibility of system outputs, as measured by a discriminator
tuned to discern ground truth and synthesized examples. Said
approaches combine time-domain, time-frequency domain,
and adversarial losses, along with a deep feature loss defined
on discriminator feature maps to regulate adversarial training.
Recent advances have leveraged diffusion-based generative
models [13], offering unprecedented quality, and neural codec
language model-based approaches [14, 15], providing addi-
tional control but at a significant computational cost. We
highlight the continued importance of GANs, favored for
their compatibility with lightweight architectures ideal for
on-edge deployment. Our work systematically explores DSP-
informed BWE, positioning it as a complementary approach
with broad applicability across various systems.

In this work, we model BWE explicitly as an excitation of
the source signal which generates new harmonics, followed
by a linear time-varying (LTV) filtering operation which
shapes this excitation, all within an end-to-end deep learn-
ing context. We decompose BWE models into exciter and
filtering modules, such that the exciter module is primarily
tasked with making the signal wideband, whereas the filter
module is responsible for sculpting it to achieve the desired
spectral profile. This is a natural formulation for BWE, per
the aforementioned approaches [1, 2]; however, to the best of
our knowledge, this serial exciter/filter formulation has not
yet been used directly in an end-to-end deep learning frame-
work. Motivated by [16], we demonstrate how the inductive
bias provided by the added LTV filter improves system fi-
delity, and/or allows us to use lighter exciter subnetworks.
Our methodology can be extended to any existing black-box
generator candidate and training setup. Here, we consider
the HiFi-GAN and SEANet models as candidate exciters, use
a recurrent neural network (RNN) feature predictor [17] to
drive the LTV filter, and train models adversarially.

This paper is organized as follows: Section 2 outlines re-
lated work. Section 3 introduces proposed methods. Section 4
illustrates experimental results. Section 5 draws conclusions.
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Fig. 1. Illustrative (a) full-band/bandlimited spectrum, (b) excited spectrum (per our method) and (c) final output spectrum.
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Fig. 2. (a) Extender, (b) exciter/LTV, (c) predictor models.

2. RELATED WORK

Figure 1 illustrates the BWE task. Frequencies from a wide-
band speech signal y are removed during lossy transmission,
leaving a signal x with a narrow passband of frequencies in-
tact. Existing approaches directly attempt to infer the ex-
tended result ŷ, while we consider an intermediate product,
as in Figure 1b, in our dual-stage strategy. HiFi-GAN/HiFi-
GAN-2 use a feedforward variant of WaveNet (temporal con-
volutional network [18]), while SEANet uses a convolutional
encoder/decoder model (1D U-Net [19]). Models operate on
time-domain signals and are trained in an end-to-end fash-
ion using negative log-likelihood and adversarial losses (with
discriminator architecture and training setup in [9]). HiFi-
GAN generally outperforms SEANet, but at a much higher
computational cost. SEANet is lightweight due to its strided
convolutions, making it more amenable for real-time use.

2.1. HiFi-GAN

The generator in HiFi-GAN is a feedforward WaveNet [8, 10,
11] using 3 stacks of 8 dilation layers with a dilation fac-
tor of 2, 128 channels, and a kernel size of 3. Skip chan-
nels from all layers are summed, and a postnet transforms the
result down to a single channel. During training, a gener-
ator loss compares inferred and ground-truth audio samples
LBWE,G(y, ŷ), which encompasses the entirety of negative

log-likelihood and adversarial loss terms used to train the ex-
tender in [8]. The discriminator is trained according to [8, 9].
Unlike the implementation in [8], we impose the temporal
convolutional network to learn a residual signal ŷ − x, and
add its output to the input in order to yield the system output.

2.2. HiFi-GAN-2

In [17], the HiFi-GAN generator was extended to speech de-
noising and dereverberation. An RNN acoustic feature pre-
diction subnetwork was added, which infers acoustic features
of the enhanced audio—it was particularly beneficial for dere-
verberation. The output of the feature predictor is used to
locally condition the feedforward WaveNet, resembling the
TFiLM approach in [6]. As illustrated in Figure 2a, the gen-
erator network is now comprised of an extender network, ex-
tending the bandwidth of its input, and a predictor network
whose output adapts the behavior of the extender network.
The feature prediction subnetwork efficiently increases the re-
ceptive field of the generator since it operates at a frame rate
that is orders of magnitude slower than the audio sample rate.

We slightly change the predictor model in [17] to make it
more lightweight and learn more efficiently, as shown in Fig-
ure 2c. Our architecture consists of two bidirectional LSTM
layers with 128 units, followed by a linear projection down
to the feature dimension. Furthermore, we constrain the in-
put and output features of the model to be of the same type
and therefore have the same number of channels. This allows
us to use a residual connection, so that the trainable com-
ponents of the predictor learn to infer acoustic features for
spectral components that are outside of the input passband.
The feature prediction network operates on 80-band log mel
spectrograms generated with a 2048-point short-time Fourier
transform (STFT) at a frame rate of 93.75 Hz (512-sample
hop size at 48 kHz). Unlike [17], we train the acoustic feature
prediction objective jointly with the BWE task. Given input
acoustic features X, ground truth acoustic features Y, and in-
ferred acoustic features Ŷ = P (X) (where P is the predictor
network), the generator loss now becomes

LG(y, ŷ,Y, Ŷ) = LG,BWE(y, ŷ) +E[|Y − Ŷ|]. (1)

2.3. SEANet

In [3], a 1D convolutional encoder/decoder generator archi-
tecture was proposed for the 8 kHz to 16 kHz sampling rate
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Fig. 3. Block diagram for SEANet/SEANet-2 extenders.
BWE task. It consists of pre/post-processing convolutional
layers and bottlenecks (shown in green in Figure 3), as well
as complementary encoder/decoder blocks with skip connec-
tions (depicted in blue in Figure 3). Each encoder block con-
sists of three residual units, where each residual unit con-
tains dilated convolutions followed by a strided convolution
which effectively downsamples signals in time. Each decoder
block complements its respective encoder block with trans-
posed convolutions of matching stride to perform signal up-
sampling, and residual units with matching channel count.
For further details, see [3, 12]. We change channel and block
counts in [3] to better accommodate the 6x upsampling factor
case (see Figure 3 for details). An additional block is added to
the middle of encoder/decoder stacks with a stride of 4. The
resulting [2, 2, 4, 8, 8] stride pattern extends the receptive
field of the architecture to 1024 samples (as compared to the
256 samples in [3]). Lastly, non-causal convolutions are used
as in [12], as opposed to the streaming convolutions in [3].

3. PROPOSED METHOD

3.1. HiFi-GAN-2

We propose HiFi-GAN-2 as a baseline BWE model to com-
pare against our proposed exciter/filter method. To our best
knowledge, this is the first work to use HiFi-GAN-2 for BWE.

3.2. Locally-conditioned SEANet (SEANet-2)

For completeness, we consider a “HiFi-GAN-2 equivalent”
SEANet architecture. While the HiFi-GAN extender lends
itself to receive local conditioning information [11], care is
needed to extend this to SEANet due to its use of strided con-
volutions. When SEANet is paired with a feature predictor
network, as in HiFi-GAN-2, we call it “SEANet-2.” Figure 3
illustrates the SEANet architecture and our adaptation to in-
clude local conditioning. We begin by upsampling frame-
level conditioning information (i.e., acoustic feature predic-
tions, as in HiFi-GAN-2) to audio rate via linear interpolation.
Next, we downsample the upsampled conditioning signal by
all the downsampling factors observed in the various SEANet
encoder and decoder blocks. We feed the respective down-
sampled signal to each encoder and decoder block, omitting

conditioning information in bottleneck and outermost convo-
lutional layers. The conditioning information at each residual
unit of each block is transformed via a 1 × 1 convolutional
layer to match the channel count of the transformed input. We
add this to the transformed input prior to its ELU activation.

3.3. Serial exciter/filter paradigm

As illustrated in Figure 2b, we split the extender network into
an exciter network, broadening the bandwidth of its inputs
(per Figure 1b), and an LTV filter which shapes the excited
signal spectrum under an end-to-end framework. This eases
the burden for the network to learn the BWE task, by induc-
ing the bias that BWE can be viewed as creating a wideband
source excitation and filtering it [1]. To model the exciter, we
can use most any neural network. When using HiFi-GAN or
SEANet-style exciters, we refer to our approaches as HiFi-
GAN-2 + LTV and SEANet-2 + LTV respectively. We use
a zero-phase filtering methodology for the LTV filter using
a differentiable 2048-point STFT with 512-sample hop size,
which is driven by the outputs of the feature predictor with
matching specifications. As indicated by the dotted lines in
Figure 2b, the exciter could have been conditioned using the
outputs from the predictor model. However, here we condi-
tion it on the mel spectrogram of the input to maintain that
the exciter subnetwork remains exactly the same size as its
corresponding extender network used for comparison.

To minimize the number of acoustic features inferred by
the feature predictor subnetwork, we use a compressed spec-
tral representation that allows us to soundly decompress it
to full frequency resolution in a differentiable fashion via a
pseudoinverse. For an input x, we can compute its magnitude
spectrum Fx, and define a coarse log-magnitude spectrum as

X = log10(MFx + ϵ), (2)

where ϵ = 10−5 and M is a non-negative frequency bin
grouping matrix representing a non-overlapping brickwall fil-
ter bank with K = 64 bands. The feature prediction network
infers a compressed spectral representation Ŷ = P (X) in the
same basis. We expand Ŷ to full frequency resolution via

Fŷ = M†(10Ŷ − ϵ), (3)

where M† is the pseudoinverse of M, and use Fŷ as the re-
sponse for the LTV filter. The non-overlapping design of M
ensures that M†, and therefore Fŷ , is also non-negative.

Due to the residual connection in Figure 2b, the ex-
citer/filter combination infers the residual signal whose fre-
quency components are outside of the input passband. There-
fore, we only apply the acoustic feature loss term to spectral
bins at or above the upper frequency cutoff as

LG(y, ŷ,Y, Ŷ) = LG,BWE(y, ŷ) +E[|Yk: − Ŷk:|], (4)

where k = 11 for a 6x upsampling factor and K = 64. The
acoustic feature loss not only aids learning, but also implicitly
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influences the exciter to produce flat spectra in the upper fre-
quency band (as illustrated in Figure 1b). This is to say that if
Ŷ is close to the true Y, then the upper frequency spectrum
of the exciter output must be flat in order for ŷ to resemble y.

4. EXPERIMENTAL RESULTS

To assess the performance of our proposed methods, we train
the following models for the task of 8 kHz to 48 kHz BWE
using the VCTK dataset [20]: (1) HiFi-GAN, (2) HiFi-GAN-
2, (3) HiFi-GAN-2 + LTV, (4) SEANet, (5) SEANet-2, (6)
SEANet-2 + LTV. The models were trained for a million
steps using Adam optimizers, learning rates of 10−4, and a
sequence length of 65536 samples. In order to train adver-
sarially, we use the discriminator architecture and adversarial
loss terms (hinge/deep feature losses) defined in [9]. We use
90% of the dataset for training and save the remainder for val-
idation. We use a batch size of 4 for SEANet-based methods,
and must opt for a batch size of 2 for the HiFi-GAN-based
methods due to GPU memory constraints. During training,
we randomly generate bandlimited examples from wideband
audio using brickwall filters defined in the frequency domain
with randomly varying lower and upper cutoff frequencies,
which improves system robustness [3] (per the gray bands
in Figure 1). Lower cutoff frequencies varied between 0 and
500 Hz, whereas upper cutoff frequencies varied between
3.5 kHz and 4 kHz. For subjective listening and supplemental
figures, please visit https://bwe-ltv.netlify.app.

We compute average L1 log mel spectrogram errors,
Short-Time Objective Intelligibility (STOI) measures [21],
and Contrastive Language-Audio Pretraining (CLAP) scores
[22] (using their default pretrained model) between BWE ex-
amples and their ground truth targets. We also measure deep
feature losses across every discriminator that we have trained,
as their feature maps should distinguish perceptual cues for
BWE. Doing so across all discriminators ensures that there
is no bias towards a matched generator/discriminator pair.
We performed a MUltiple Stimuli with Hidden Reference
and Anchor (MUSHRA) [23] test to evaluate models quali-
tatively. We prepared 8 trials and asked participants to rank
how accurately each test item sounded like its corresponding
wideband reference. To prevent participant fatigue from too
many test items, we considered a subset of models, focus-
ing to test into the DSP-informed nature of our exciter/LTV
approach relative to prior art. We opted for HiFi-GAN over
the SEANet family of models since HiFi-GAN/HiFi-GAN-
2 [8, 17] had been established independently from this work.
Trials included a hidden reference, its narrow-band counter-
part as an anchor (input to BWE models), and the outputs
of HiFi-GAN, HiFi-GAN-2, and HiFi-GAN-2 + LTV. Par-
ticipants within our organization with critical listening skills
conducted tests with their own choice of headphones.

Our results are summarized in Tables 1-3. Across all
fidelity metrics, one of our proposed models using an ex-

Model Mel STOI CLAP RTF

(1) HiFi-GAN 0.108 0.954 0.888 1.834
(2) HiFi-GAN-2 0.106 0.959 0.869 2.429
(3) HiFi-GAN-2 + LTV 0.092 0.968 0.920 2.431

(4) SEANet 0.366 0.931 0.844 0.061
(5) SEANet-2 0.120 0.939 0.878 0.197
(6) SEANet-2 + LTV 0.099 0.979 0.935 0.216

Table 1. Quantitative fidelity metrics and average real-time
factors measured on an Intel Xeon 3.1 GHz CPU.

Model (1) (2) (3) (4) (5) (6)

(1) 10.72 10.03 13.17 7.07 3.96 4.66
(2) 10.49 10.01 12.99 6.71 4.00 4.63
(3) 10.56 9.75 12.95 6.99 3.85 4.54

(4) 11.37 10.39 14.34 7.08 4.07 4.79
(5) 11.34 10.84 14.22 7.18 4.31 4.93
(6) 10.11 9.40 12.18 6.62 3.68 4.35

Table 2. Feature losses measured across each discriminator.

citer/LTV filter approach is the top performer. HiFi-GAN-2
+ LTV outperformed all approaches when evaluating fidelity
using the mel reconstruction error, with SEANet-2 + LTV
as a close second. SEANet-2 + LTV was the top performer
when assessing fidelity based on the deep feature loss metric
defined across all discriminators. We also observe the poor
performance of SEANet when used directly for the 6x upsam-
pling task, and how frame-level local conditioning improves
efficacy. With an interest in deploying models locally on
consumer machines, average real-time factors (RTFs) show
how the SEANet-based approaches run several times faster
than real-time on a CPU. Lastly, our MUSHRA test confirms
the superior performance of our exciter/LTV method.

5. CONCLUSIONS

We proposed an end-to-end exciter/filter approach to BWE.
We showed how the inductive bias imparted by the proposed
method can improve upon existing approaches by both quan-
titative and qualitative means. In the future, we would like
to make improvements to the exciter/filter paradigm, for ex-
ample, to incentivize excitations to follow a pink noise profile.
As our methodology marks an architectural change, we would
like to incorporate it into diffusion-based BWE models [24].

Model MUSHRA

Reference (full-band) 90.00
Anchor (narrow-band) 27.25

(1) HiFi-GAN 75.93
(2) HiFi-GAN-2 74.29
(3) HiFi-GAN-2 + LTV 78.42

Table 3. Results of our subjective evaluation.
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