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ABSTRACT

Audio source separation models must preserve fine spectral structure while keep-
ing the cost of the separator tractable. Band-split architectures reduce this cost by
manually partitioning the spectrum into predefined frequency bands and encoding
each band as a token, but the same boundaries are used for every mixture. Be-
cause informative spectral structure varies with source content, fixed boundaries
can merge discriminative components or spend tokens where little resolution is
needed. We introduce Dynamic Band Splitting (DBS), an end-to-end framework
that adapts boundary locations and band widths to each mixture under a fixed
band-token budget. DBS predicts content-conditioned boundary scores within
frequency blocks, selects a prescribed number of boundaries using hard Top-
K, and applies content-dependent pooling to obtain compact band tokens. After
separation, it smooths and expands these tokens to the original STFT grid, re-
fines them along frequency, and decodes complex masks with a frequency-shared
head. DBS improved separation over the corresponding static models on DnR
v2, MUSDB18-HQ, and EchoSet, with DBS-BSRNN achieving relative gain of
29.0% in average SI-SDR on DnR v2. These results and boundary analyses on
DnR v2 show that content-adaptive frequency partitioning benefits multiple sep-
arator backbones under a fixed band-token budget. Code and audio demos are
available at https://cslikai.cn/Dynamic-Band-Splitting.

1 INTRODUCTION

Audio source separation aims to recover individual sources, such as speech, musical instruments,
and environmental sounds, from a recorded mixture. It supports music remixing and audio restora-
tion (Rafii et al., 2018; Stöter et al., 2019; Li et al., 2026), hearing assistance (Li et al., 2025), and
meeting transcription and automatic subtitle generation (Raj et al., 2021). These applications require
representations that capture source-specific acoustic structure across heterogeneous mixtures.

Source separation methods encode a mixture into acoustic features, model dependencies within
these features, and reconstruct the constituent sources. Representative methods include convolu-
tional models such as Conv-TasNet (Luo & Mesgarani, 2019), encoder–decoder networks such as
Demucs (Défossez et al., 2019), and attention-guided models such as TDANet (Li et al., 2023).
Alongside advances in separator design, band splitting compresses the spectral features supplied to
the separator. BSRNN (Luo & Yu, 2023) first represents the mixture as a complex spectrogram using
the short-time Fourier transform (STFT), then uses a manually specified non-uniform layout to group
its frequency bins into bands and map each band to a fixed-dimensional representation before mod-
eling temporal and inter-band dependencies. Subsequent architectures, including BS-RoFormer (Lu
et al., 2024), Mel-Band RoFormer (Wang et al., 2023a), and TIGER (Xu et al., 2025), also construct
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Figure 1: DBS partitions across a 30-second Tears of Steel excerpt. Each column represents a
non-overlapping three-second window, showing its midpoint frame, dominant acoustic content, and
predicted partition. Colored lines highlight five learned boundaries per block; faint lines show the
others, and black lines mark fixed block limits.

compact band representations using predefined frequency layouts. This reduces the frequency-axis
sequence from individual STFT bins to a smaller set of bands, lowering the cost of subsequent
separation.

However, these band-split methods apply the same frequency layout to every mixture (Luo & Yu,
2023; Lu et al., 2024; Xu et al., 2025). Their allocation of frequency resolution is therefore deter-
mined in advance, even though the locations and density of informative spectral components vary
with the sources present. A wide band may compress several discriminative components into a
single representation, while finely divided bands elsewhere may cover less informative content. In-
creasing the number of bands provides finer resolution but also increases the computational cost
of the separator. The resulting challenge is to adapt the allocation of frequency resolution to each
mixture while keeping the number of band representations fixed.

We propose Dynamic Band Splitting (DBS), an end-to-end framework that learns mixture-dependent
frequency partitions under a fixed band-token budget. DBS divides the spectrogram’s frequency axis
into fixed frequency blocks and predicts content-dependent boundary scores within each block. Hard
Top-K selection forms a prescribed number of contiguous bands per block, allowing their locations
and widths to change across mixtures. After separation, the band features are smoothed in token or-
der and expanded to the original STFT grid for full-resolution reconstruction. This design decouples
the frequency resolution used by the separator from that of its output and supports integration with
different backbones, including BSRNN (Luo & Yu, 2023) and TIGER (Xu et al., 2025). Figure 1
illustrates this behavior on a continuous 30-second movie excerpt: the block scaffold and 128-band
budget remained fixed, while the learned boundaries changed with the acoustic content.

We evaluated DBS on the DnR v2 benchmark for music, speech, and sound-effect separation (Peter-
mann et al., 2022), MUSDB18-HQ for music separation (Rafii et al., 2019), and EchoSet for speech
separation (Xu et al., 2025). Relative to the BSRNN result, DBS-BSRNN improved average SI-
SDR on DnR v2 by 29.0%. DBS-BSRNN improved four-stem SDR over the static BSRNN model
on MUSDB18-HQ by 6.8% and improved the reported BSRNN SDRi on EchoSet by 3.6%. The
gains extended to other band-split backbones: BS-RoFormer (Lu et al., 2024) and MelRoFormer
(Wang et al., 2023a) outperformed their static counterparts in four-stem SDR on MUSDB18-HQ,
while DBS-TIGER exceeded the TIGER SDRi on EchoSet. Boundary analyses and fixed-boundary
controls on DnR v2 showed that DBS adapted its partitions to the input and improved separation
under a fixed band-token budget.
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2 RELATED WORK

Band-Split-Based Audio Source Separation. Time–frequency-domain source separation meth-
ods such as Open-Unmix (Stöter et al., 2019) and TF-GridNet (Wang et al., 2023b) make spectral
structure explicit, but processing high-resolution spectrograms over the full frequency axis can be
computationally expensive. Band-split-based source separation methods address this cost by divid-
ing the spectrum into subbands and assigning specialized modules to model within-band structure
and cross-band interactions. Band-Split RNN (BSRNN) (Luo & Yu, 2023), BS-RoFormer (Lu et al.,
2024), Mel-Band RoFormer (Wang et al., 2023a), and TIGER (Xu et al., 2025) instantiate this de-
sign with different subband representations and cross-band modeling modules. SCNet (Tong et al.,
2024) integrates subband-specific compression into a hierarchical encoder–decoder, coupling fre-
quency downsampling with corresponding upsampling stages and skip connections. Across these
designs, the frequency layout is treated as a model-level structural prior: boundaries and band widths
are specified by design and shared across inputs.

Adaptive Spectral Representation and Frequency Allocation. Learnable filterbanks and input-
conditioned modules relax the fixed spectral front end in different ways. Multi-Channel Mask-
ing with Learnable Filterbank (Dai et al., 2023) optimizes the spectral front end during training,
whereas Spectral Feature Compression (SFC) (Saijo & Bando, 2026) replaces the fixed band-split
encoder with a shared sequence-modeling module based on cross-attention or Mamba. Sparsely
gated mixture-of-experts source separation models (Wang et al., 2022) have been used to balance
separation quality, speech distortion, and computational cost, while TF-MoE (Hu et al., 2026) routes
experts along the time and frequency axes. These methods adapt the spectral representation or com-
putational path within a particular separation model. DBS instead learns input-dependent boundaries
between contiguous frequency bands while keeping the number of bands fixed. Its boundary predic-
tor is optimized jointly with the separator, and the original STFT grid is retained for reconstruction.

3 METHOD

Let x ∈ RL denote a monaural mixture and X = STFT(x) ∈ CF×T its complex spectrogram,
with F frequency bins and T time frames. The goal is to estimate K source waveforms {ŝk ∈
RL}Kk=1. DBS operates on the frequency bins of X: it predicts a mixture-dependent partition P (X),
pools its J bands into a fixed-length token sequence, and processes the tokens with a separation
backbone. The same partition then maps separated tokens back to the STFT grid for complex-mask
estimation (Figure 2). Sections 3.1–3.3 describe these stages, followed by end-to-end optimization
in Section 3.4.
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Figure 2: Overview of DBS, using cinematic audio separation on the DnR v2 dataset as an example.

3.1 DYNAMIC BAND SPLITTING

Fixed band layouts assign the same frequency resolution to every mixture. DBS instead moves
band boundaries according to the input while keeping the separator’s token count constant. We
divide the frequency axis of X into R fixed, contiguous, non-overlapping frequency blocks {Fr}Rr=1,
with Fr = |Fr| bins in block r, and assign that block a budget of Jr bands. The total budget
is J =

∑R
r=1 Jr, which is identical for every mixture. The blocks ensure that each part of the

spectrum receives a prescribed share of the budget, while boundaries within each block remain
adaptive. We used four blocks (B1–B4), a choice examined in Section 4.4. Figure 3 details how the
internal boundaries are selected within each block.

For Xr = X[Fr, :] ∈ CFr×T , the predictor processes its real and imaginary components with tem-
poral convolutions and extracts three magnitude statistics per frequency bin: temporal mean, peak-
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Figure 3: Detailed dynamic band splitting within block r.

to-mean ratio, and standard-deviation-to-mean ratio. A BiLSTM summarizes the fused features into
a contextual vector hr(f) ∈ Rd for each bin. For each internal candidate f > fmin

r , representing the
transition from bin f −1 to bin f , the score has two components: ur(f) = ufeat

r (f)+0.15umag
r (f).

The feature term compares learned representations of the adjacent bins, while the magnitude term
measures the change in their acoustic statistics after a bounded transform. A learned scale τr and
position bias βr(f) then give the boundary probability

pr(f) = σ
(
τr
(
ur(f)− 0.5

)
+ βr(f)

)
. (1)

Appendix A specifies the feature branches, score terms, and calibration parameters.

The probability field pr(f) provides candidate boundaries, but the realized partition must contain
exactly Jr bands. We fix the first bin fmin

r = minFr as a boundary and use Hard Top-K to select
the remaining Jr − 1 positions:

Br = {fmin
r } ∪ TopK

(
{pr(f)}f∈Fr\{fmin

r }, Jr − 1
)
, (2)

Here, TopK returns the positions of the largest candidate probabilities. Selecting Jr − 1 of the
Fr − 1 internal transitions yields Jr contiguous bands because the first bin starts the first band. Let
br(f) ∈ {0, 1} indicate whether f ∈ Br. Cumulative counting assigns each bin to a band:

sr(f) =

f∑
i=fmin

r

br(i), sr(f) ∈ {1, . . . , Jr}. (3)

The assignments {sr(f)} define the mixture-dependent partition P (X) passed to tokenization.
Their locations can change without changing the J-band budget.

3.2 BAND TOKENIZATION AND SEPARATION

Band Tokenization. The bands selected in Section 3.1 have variable widths, whereas the separator
expects a fixed feature dimension per token. The hard assignment sr(f) collects the bins of band j
in block r:

Sr,j = {f ∈ Fr : sr(f) = j}, j = 1, . . . , Jr. (4)

We stack the real and imaginary components of Xr and encode each bin as Ur(f, t) ∈ RD. A
learned score of its time-averaged feature determines a pooling weight αr,j(f), normalized over
bins in Sr,j . Weighted pooling produces one token per band:

Zr,j(t) =
∑

f∈Sr,j

αr,j(f)Ur(f, t) ∈ RD. (5)

The weights are shared across time frames, so every band contributes one D-dimensional token at
each frame regardless of its width. Concatenating bands in frequency order gives Z ∈ RJ×T×D.
Thus, DBS changes which frequency bins are pooled together while preserving the number J and
feature dimension D of separator inputs. Appendix B.1 specifies the bin encoder and pooling scores.

Separator. The fixed-size token sequence Z provides a common input to band-split separation
backbones. We instantiated DBS with BSRNN, TIGER, BS-RoFormer, and MelRoFormer (Sec-
tion 4.2). Each backbone modeled temporal and inter-band dependencies and produced separated
features Zsep ∈ RJ×T×Dsep . Tokens from all blocks enter the same sequence, allowing cross-block
interactions. Their band order is retained so that the decoder can use P (X) to restore frequency
resolution.
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3.3 TOKEN EXPANSION & MASK DECODING

The separated representation Zsep contains one feature vector per band and time frame, whereas
source reconstruction requires a mask at every STFT bin. We therefore smooth the separated tokens,
expand them with the same hard partition used by the encoder, and refine the expanded features
before predicting complex masks. Figure 4 summarizes this path.

Probability-Guided
Smoothing

Separated tokens Smoothed tokens Expanded STFT-bin
Features

Frequency
Refinement

Frequency-shared
Mask Prediction

Figure 4: Full-resolution reconstruction within block r.

Probability-Guided Smoothing. Expanding unsmoothed tokens would create piecewise-constant
features with jumps at band boundaries. We average the boundary probabilities within each selected
band Sr,j to obtain p̄r,j and use it to interpolate the separated token Zsep

r,j (t) with the preceding
smoothed token Z̄r,j−1(t). Higher p̄r,j retains more of the current token, whereas lower values pass
more information from the preceding band. This can soften feature transitions while preserving the
selected boundaries and token count. The exact interpolation is given in Appendix B.2.

Token Expansion. The smoothed tokens still have band-level resolution. To recover a feature at
each frequency bin, we use the hard assignment sr(f) from Section 3.1 to copy the corresponding
token to that bin:

Ze
r(f, t) = Z̄r,sr(f)(t) ∈ RDsep . (6)

This yields a feature map Ze
r ∈ RFr×T×Dsep on the original STFT grid.

Frequency Refinement. The expanded map Ze
r assigns the same feature to all bins in a band. A

residual frequency-direction block produces Hr = Rfreq
r (Ze

r) ∈ RFr×T×Dsep by mixing neigh-
boring bin features, including across band boundaries. Appendix B.2 specifies its depthwise and
pointwise operations.

Frequency-shared Mask Prediction. Within block r, the frequency-shared decoder maps each re-
fined feature Hr(f, t) to mask parameters Θr(f, t) = Dr(Hr(f, t)) ∈ RK×2×2. These parameters
produce gated real and imaginary mask components for each source. After a source-axis consistency
projection when K > 1, we concatenate the complex masks Mr,k ∈ CFr×T from all blocks along
frequency to obtain Mk ∈ CF×T (Appendix B.2). The estimated source spectrogram is

Ŝk = X⊙Mk ∈ CF×T . (7)

The inverse STFT transforms Ŝk into the waveform ŝk.

3.4 END-TO-END TRAINING

The hard boundary decisions in Section 3.1 fix the forward token sequence but block ordinary gra-
dients from the separation loss to the boundary predictor. Following the straight-through estima-
tor (Bengio et al., 2013), we use the selected hard partition in the forward pass and differentiate
through a local soft assignment in the backward pass. For bin f , let Ze

r(f) collect its hard-expanded
features over time and let Zsoft

r (f) interpolate the features obtained when a boundary is present or
absent, weighted by pr(f). The training representation is

ZSTE
r (f) = Ze

r(f) + Zsoft
r (f)− sg

(
Zsoft

r (f)
)
∈ RT×Dsep , (8)

Here, sg stops gradients, so the forward value equals Ze
r(f) while the backward pass follows the

local surrogate. The surrogate gradient to pr(f) depends on the difference between the boundary-
present and boundary-absent features. A value-preserving confidence path supplies another gradient
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to the boundary probabilities without changing the forward features. Appendix C gives both con-
structions.

To control the soft boundary density, let ρr > 0 denote the target compression ratio in block r and
define

Lratio =
1

R

R∑
r=1

 1

Fr

∑
f∈Fr

pr(f)−
1

ρr

2

, (9)

where 1/ρr is the target mean boundary probability. The joint objective is
L = Lsep + λratioLratio, (10)

where λratio ≥ 0 is the regularization weight and Lsep is the task-specific source-separation loss.
Through the straight-through path, Lsep updates the boundary predictor alongside the separator and
decoder; Lratio regularizes the soft boundary probabilities, while Hard Top-K fixes the realized
band count at J . Appendix D gives the loss definitions used in our experiments.

4 EXPERIMENTS

4.1 EXPERIMENTAL SETUP

Datasets. We evaluated DBS on DnR v2 (Petermann et al., 2022), MUSDB18-HQ (Rafii et al.,
2019), and EchoSet (Xu et al., 2025), covering cinematic, music, and speech source separation.
DnR v2 contains music, speech, and sound effects; MUSDB18-HQ provides vocals, drums, bass,
and other stems; and EchoSet contains two-speaker mixtures with noise and reverberation. At the
sample rates used here, DnR v2 and MUSDB18-HQ had a 0–22.05 kHz analyzed frequency range,
whereas EchoSet had a 0–8 kHz range. This contrast let us examine adaptive band allocation across
different spectral bandwidths. Dataset construction and split sizes are detailed in Appendix E.

Compared systems. On DnR v2, we trained fixed-band and DBS variants of BSRNN and TIGER
from scratch, each with 128 bands. Appendix F.1 details how each backbone’s original partition was
expanded to 128 bands. On MUSDB18-HQ, we trained fixed-band and DBS variants of BSRNN,
BS-RoFormer, and MelRoFormer as single models that jointly estimated all four stems. This dif-
fered from the target-specific models used by the original BSRNN and BS-RoFormer systems (Luo
& Yu, 2023; Lu et al., 2024). All MUSDB models used only the MUSDB18-HQ training split, with-
out external audio, and were implemented in the Music-Source-Separation-Training framework.1
On EchoSet, we compared DBS-BSRNN and DBS-TIGER with the systems reported by TIGER (Xu
et al., 2025). Appendix F.2 details the backbone substitutions.

Training and evaluation. DBS used four frequency blocks and a fixed band-token budget. DnR v2
and MUSDB18-HQ used 1025 STFT bins and 128 band tokens, whereas EchoSet used 321 bins and
67 band tokens. Each inference window determined one partition shared by band encoding and full-
resolution reconstruction. We reported source-wise SI-SDR and its unweighted average on DnR v2,
four-stem SDR on MUSDB18-HQ, and SDRi and SI-SDRi on EchoSet. Detailed optimizer settings,
band construction, STFT parameters, losses, and training schedules are given in Appendix F; metric
definitions and evaluation protocols are provided in Appendix G.

4.2 SEPARATION PERFORMANCE ACROSS DATASETS AND BACKBONES

DnR v2. To retain fine spectral detail over DnR v2’s broad 0–22.05 kHz frequency range, we use
128 bands for both the static and DBS variants. Table 1 shows that DBS improves both BSRNN and
TIGER over their static 128-band counterparts. Average SI-SDR increases from 7.69 to 9.07 dB for
BSRNN and from 8.74 to 10.13 dB for TIGER, yielding gains of 1.38 and 1.39 dB, respectively.
Both models improve across all three sources.

MUSDB18-HQ. Table 2 shows that DBS improves average four-stem SDR across all three back-
bones in the single-model setting. For BSRNN, average SDR increases from 5.09 to 5.43 dB. BS-
RoFormer achieves the largest gain of 1.84 dB, improving from 4.50 to 6.34 dB. MelRoFormer
improves from 7.25 to 8.07 dB, a gain of 0.82 dB. These results demonstrate the applicability of
DBS across BSRNN, BS-RoFormer, and MelRoFormer.

1https://github.com/ZFTurbo/Music-Source-Separation-Training
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Table 1: Source separation performance on the DnR v2 test set, measured by SI-SDR (dB). Models
marked with † are trained from scratch with 128 bands. Red subscripts indicate improvements over
the corresponding static baselines. MACs are reported per second of input audio.
Method Music ↑ Speech ↑ SFX ↑ Avg. ↑ Params (M) ↓ MACs (G/s) ↓
Conv-TasNet (Luo & Mesgarani, 2019) 0.30 8.50 2.00 3.60 5.3 19.8
MRX (Petermann et al., 2022) 4.20 12.30 5.70 7.40 30.5 10.6
BSRNN (Luo & Yu, 2023) 5.50 13.80 1.80 7.03 52.8 18.2
TIGER (Xu et al., 2025) 5.14 13.51 3.66 7.44 1.4 10.8

BSRNN (128)† (Luo & Yu, 2023) 4.83 14.87 3.38 7.69 35.5 76.6
DBS-BSRNN (128)† 6.48+1.65 15.01+0.14 5.73+2.35 9.07+1.38 4.7 124.0

TIGER (128)† 6.18 14.91 5.13 8.74 1.4 20.4
DBS-TIGER (128)† 7.78+1.60 15.90+0.99 6.70+1.57 10.13+1.39 1.0 31.6

Table 2: Music source separation performance on the MUSDB18-HQ test set, measured by SDR
(dB). All models (†) are trained in this work without external data and jointly separate the four
stems.
Model Voc. ↑ Drums ↑ Bass ↑ Other ↑ Avg. ↑ Params (M) ↓ MACs (G/s) ↓

BSRNN† (Luo & Yu, 2023) 6.01 6.23 4.49 3.62 5.09 71.7 21.8
DBS-BSRNN† 6.70+0.69 6.44+0.21 4.58+0.09 4.01+0.39 5.43+0.35 21.7 20.8

BS-RoFormer† (Lu et al., 2024) 5.14 5.76 3.95 3.17 4.50 378.5 292.7
DBS-BS-RoFormer† 7.64+2.50 7.72+1.96 5.29+1.34 4.72+1.55 6.34+1.84 33.9 290.5

MelRoFormer† (Wang et al., 2023a) 9.20 8.29 6.05 5.48 7.25 98.7 171.7
DBS-MelRoFormer† 10.02+0.82 9.30+1.01 6.96+0.91 5.98+0.50 8.07+0.82 19.2 252.9

EchoSet. DBS-BSRNN improves SDRi and SI-SDRi by 0.46 and 0.43 dB over the published
BSRNN baseline, while DBS-TIGER achieves gains of 0.33 and 0.31 dB over the published TIGER
baseline, respectively. These results extend the benefits of DBS to speech separation. Full results
are provided in Appendix H.

4.3 ISOLATING THE EFFECT OF DYNAMIC BOUNDARIES

Table 3: Comparison of frequency partitions and front ends on the DnR v2 test set using a BSRNN
separator and 128 bands.

Variant Music ↑ Speech ↑ SFX ↑ Avg. ↑
BSRNN (128) (Luo & Yu, 2023) 4.83 14.87 3.38 7.69

Uniform 5.58 14.43 3.99 8.00
Mel bands (Wang et al., 2023a) 2.85 14.65 0.10 5.87
Learnable filterbank (Dai et al., 2023) -11.47 8.62 -32.30 -11.72
DBS-BSRNN 6.48 15.01 5.73 9.07

We used DBS-BSRNN on DnR v2 to assess input-conditioned boundary placement under the four-
block, 128-band setting. The comparison included a uniform control, Mel bands, and a learnable
filterbank, each with 128 bands.

Under the same architecture and training schedule, DBS-BSRNN improved average SI-SDR by
1.07 dB over the separately trained uniform control (Table 3). Gains extended to all three sources.
Mel bands remained close to DBS on speech but lagged on music and sound effects. An uncon-
strained learnable filterbank baseline performed poorly in our setting; analysis in Appendix J links
the degradation to the analysis–synthesis transform and its integration with the ordered band-split
architecture. The gain over the matched fixed-boundary control supports adapting frequency al-
location to mixture content to accommodate these differing source requirements within the same
128-band budget.

Replacing the learned boundaries with the BSRNN layout at inference reduced average SI-SDR
from 9.07 to 8.62 dB while keeping model weights unchanged (Appendix I).
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Boundary adaptation. We next examined how the learned boundaries varied across mixtures and
over time, using 64 DnR v2 test mixtures under the same 128-band budget. We compared central
three-second windows across mixtures, adjacent windows within each recording, and repeated in-
ference on identical inputs. All 64 central windows yielded distinct partitions, and boundaries also
changed between adjacent windows (Figure 5). Repeated inference produced identical boundaries.
These results showed input-dependent frequency allocation across mixtures and within recordings
without changing the token count. Appendix K provides the sampling protocol, per-block statistics,
and further visualizations.

0

20

40

60

80

100

In
te

rn
al

 b
ou

nd
ar

ie
s 

re
pl

ac
ed

 (%
)

Different tracks Adjacent windows Repeated identical input

B1 B2 B3 B4

Figure 5: Boundary adaptation on DnR v2 under a fixed 128-band budget. Replacement is the
percentage of internal boundaries not shared by two partitions of the same block. Crosses mark
repeated inference on identical inputs. Center lines mark medians, boxes span interquartile ranges,
and whiskers extend to the most extreme observations within 1.5 interquartile ranges of the quartiles.

4.4 DESIGN ABLATIONS

We examine the roles of budget allocation across blocks, boundary prediction, and frequency recon-
struction using DBS-BSRNN on DnR v2 with a fixed budget of 128 bands.

Block structure. To test whether per-block budgets improve frequency allocation, we compare
layouts with four, two, and one block while keeping the total band count fixed (Table 4). The two-
block control merges B1 with B2 and B3 with B4. Average SI-SDR decreases from 9.07 dB with
four blocks to 8.32 dB with two and 6.30 dB with one. In the one-block example in Figure 6, selected
boundaries concentrate at low frequencies, leaving the upper spectrum sparsely partitioned. These
results support using per-block budgets to distribute boundaries across the spectrum and improve
separation at the same token count.

Table 4: Effect of the number of frequency blocks on DBS-BSRNN performance on the DnR v2 test
set.

Variant Music ↑ Speech ↑ SFX ↑ Avg. ↑
1Block 3.73 13.39 1.77 6.30
2Block 5.72 14.52 4.71 8.32
Full DBS (4 blocks) 6.48 15.01 5.73 9.07

Boundary prediction. To assess the contribution of learned spectral features to boundary predic-
tion, we evaluate a magnitude-only predictor that generates boundary scores from magnitude statis-
tics without learned spectral features (Table 5). Average SI-SDR decreases from 9.07 to 6.93 dB, a
drop of 2.14 dB. This result supports using learned spectral features alongside magnitude statistics
for boundary prediction.

We further test how statistical inputs, the boundary-score prior, and the gradient path affect separa-
tion. Removing explicit energy descriptors (the predictor’s magnitude-statistic inputs) reduces av-
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Figure 6: Boundary probabilities p(f) and selected boundaries for the 1Block variant on a DnR v2
test window. Most selected boundaries fall at low frequencies, leaving the upper frequency range
sparsely partitioned.

Table 5: Boundary prediction and frequency reconstruction ablations for DBS-BSRNN on the DnR
v2 test set. Magnitude-only predicts boundaries from magnitude statistics without learned spectral
features. Rows marked “w/o” remove the named component from full DBS.

Variant Music ↑ Speech ↑ SFX ↑ Avg. ↑
Full DBS 6.48 15.01 5.73 9.07

Magnitude-only predictor 4.33 14.02 2.43 6.93
w/o explicit energy 5.88 14.50 5.11 8.50
w/o acoustic transition prior 0.49 12.83 −1.04 4.09
w/o confidence path 5.06 13.90 3.62 7.53

w/o frequency refinement 0.11 13.26 −1.61 3.92

erage SI-SDR by 0.57 dB. Removing the acoustic transition prior, which adds adjacent-bin changes
in magnitude statistics to the boundary score, reduces it by 4.98 dB. Removing the confidence path
for boundary gradients reduces it by 1.54 dB. These results support retaining all three components,
particularly the transition prior.

Frequency reconstruction. To assess the role of frequency refinement after token expansion, we
remove this stage (Table 5). Average SI-SDR falls from 9.07 to 3.92 dB, a drop of 5.15 dB, with the
largest losses in music and sound effects. This result supports refining the expanded features before
full-resolution mask prediction.

5 CONCLUSION

We introduced Dynamic Band Splitting (DBS), which adapts frequency boundaries to each mixture
under a fixed band-token budget. DBS-BSRNN improved separation on DnR v2, and DBS vari-
ants improved the evaluated band-split backbones on MUSDB18-HQ and EchoSet. On DnR v2,
matched boundary substitution and fixed-boundary training controls showed that boundary place-
ment affected separation quality. Block and component ablations further identified the roles of
per-block budgets, boundary scoring, and frequency refinement. These results show that allocat-
ing a fixed frequency-resolution budget according to the mixture can improve separation without
lengthening the separator’s token sequence.

Limitations. DBS kept the number of bands fixed and selected one partition per inference window,
so it did not adapt representation size or boundary positions within a window. Preliminary learnable-
count variants tended to select the largest admissible per-block budget, suggesting that variable-
budget routing requires an explicit complexity constraint.
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A BOUNDARY PREDICTOR

Figure 3 in the main text shows the predictor; this section specifies its feature extraction and scoring
operations.

For block r, we use Xr = X[Fr, :] ∈ CFr×T as in Section 3.1 and stack its real and imaginary parts
into Yr = Stackch(Re(Xr), Im(Xr)) ∈ RFr×T×2. The predictor computes

Cr = Cr(Yr) ∈ RFr×T ′×d,

Ar = A(|Xr|) ∈ RFr×3,

Hbnd
r = Rr(Cr,Ar) ∈ RFr×d.

(11)

Here, T ′ is the downsampled temporal length and d is the convolutional output width. The convo-
lutional branch Cr extracts spectro-temporal features, A computes per-bin magnitude statistics, and
the BiLSTMRr fuses them. The per-bin statistics vector is ar(f) = Ar[f, :]

⊤ ∈ R3; the contextual
vector from the main text is hr(f) = Hbnd

r [f, :]⊤ ∈ Rd.

Convolutional features. The convolutional branch Cr has two stages:

C(1)
r = GELU(GN1(Conv1(Yr))) ∈ RFr×T1×(d/2),

Cr = GELU
(
GN2

(
Conv2(C

(1)
r )
))
∈ RFr×T ′×d.

(12)

Both convolutions use 3 × 3 kernels and stride (1, 2) along the frequency and time axes, respec-
tively. Their output widths are d/2 and d; T1 and T ′ denote the respective output time lengths. The
operators GN1 and GN2 denote group normalization. The two stages preserve the frequency axis
and downsample time by a total factor of four, retaining a sequence of T ′ feature vectors at each
frequency bin.
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Magnitude statistics. The branch A computes statistics independently for each frequency bin. Let
mr(f, t) = |[Xr]f,t| ∈ R≥0 be its magnitude and m̄r(f) = T−1

∑T
t=1 mr(f, t) its temporal mean.

The vector ar(f) is

ar(f) =

[
log(1 + m̄r(f)) , log

(
1 +

maxt mr(f, t)

m̄r(f) + ϵ

)
, log

(
1 +

stdt mr(f, t)

m̄r(f) + ϵ

)]⊤
∈ R3, (13)

where ϵ > 0 is a scalar numerical stabilizer and stdt denotes the temporal standard deviation. Thus,
the three components encode the temporal mean and the peak-to-mean and standard-deviation-to-
mean ratios after logarithmic compression.

Feature fusion and recurrent aggregation. Let Pr,stat : R3 → Rd/4 be the learned statistics
projection, applied to each row of Ar. Repeating the projected rows over the T ′ time positions and
concatenating them with Cr gives

Vr = Concatch(Cr,RepeatT ′(Pr,stat(Ar))) ∈ RFr×T ′×(5d/4). (14)

Here, RepeatT ′ broadcasts the projected statistics along the time axis, and Concatch concate-
nates along the feature-channel axis. For each frequency bin, the temporal sequence Vr[f, :, :] ∈
RT ′×(5d/4) is processed independently by a single-layer BiLSTM with hidden width d/2 per direc-
tion. In batched execution, the batch and frequency axes are merged, giving an LSTM input of shape
(BFr)× T ′ × (5d/4) for batch size B.

Let
−→
h r(f, t

′),
←−
h r(f, t

′) ∈ Rd/2 denote the forward and backward hidden states at temporal index
t′ ∈ {1, . . . , T ′}. The per-bin feature concatenates the two terminal states:

hr(f) = Concatch

(−→
h r(f, T

′),
←−
h r(f, 1)

)
∈ Rd. (15)

The forward state is taken after processing frames 1 through T ′, and the backward state after process-
ing frames T ′ through 1. Stacking hr(f) over the frequency bins in the block gives Hbnd

r ∈ RFr×d,
completing Rr in Equation 11. Temporal averaging is confined to the mean statistic in A; the
convolutional feature sequence is summarized by the BiLSTM terminal states.

Boundary Probability. Let Qr,Kr : Rd → Rdq denote the learned projection maps. The normal-
ized vectors used in Equation 17 are

qr(f) = Norm2(Qr(hr(f))) , kr(f) = Norm2(Kr(hr(f))) , (16)

Norm2 denotes ℓ2 normalization, and qr(f),kr(f) ∈ Rdq . For an internal candidate boundary
f > fmin

r , the score and calibrated probability are

ur(f) =
1− qr(f)

⊤kr(f − 1)

2
+ 0.15 tanh

(
∥ar(f)− ar(f − 1)∥1

3

)
,

ℓr(f) = τr
(
ur(f)− 0.5

)
+ βr(f), pr(f) = σ(ℓr(f)) .

(17)

The inner product supplies the contextual similarity term in ur(f), and the mean absolute difference
of ar(f) and ar(f − 1) supplies the statistics term. The coefficient 0.15 and offset 0.5 are fixed,
while τr ≥ 1 and βr(f) ∈ R are learned.

For the first frequency bin, the score is padded with ur(f
min
r ) = 1, but the implementation then

overwrites the resulting logit with 10. Its Boundary Probability is therefore pr(f
min
r ) = σ(10). The

boundary-density regularizer uses this probability, while partition construction fixes br(fmin
r ) = 1

and selects the remaining Jr − 1 boundaries by Hard Top-K.

B BAND TOKENIZATION AND RECONSTRUCTION DETAILS

B.1 CONTENT-DEPENDENT BAND POOLING

The bin encoder for each block maps the stacked real and imaginary components Yr ∈ RFr×T×2

to D-dimensional bin features:

Ur = Er(Yr) ∈ RFr×T×D. (18)
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In the BSRNN instantiation, Er applies channel-wise normalization and a 1×1 convolution at every
time–frequency location. A two-layer network gr : RD → R with a tanh nonlinearity scores each
bin after temporal averaging:

er(f) = gr

(
1

T

T∑
t=1

Ur(f, t)

)
∈ R. (19)

Scores are shared over time and normalized within each selected band Sr,j :

αr,j(f) =
exp er(f)∑

i∈Sr,j

exp er(i)
, αr,j(f) ∈ [0, 1], f ∈ Sr,j . (20)

These weights produce the band tokens in Section 3.2.

B.2 SMOOTHING, REFINEMENT, AND MASK PREDICTION

Probability-Guided Smoothing first averages Boundary Probabilities within each selected band:

p̄r,j =
1

|Sr,j |
∑

f∈Sr,j

pr(f) ∈ [0, 1]. (21)

For each separated token Zsep
r,j (t) ∈ RDsep , its smoothed counterpart Z̄r,j(t) ∈ RDsep is defined

recursively by

Z̄r,1(t) = Zsep
r,1 (t),

Z̄r,j(t) = p̄r,jZ
sep
r,j (t) + (1− p̄r,j) Z̄r,j−1(t), j = 2, . . . , Jr.

(22)

Larger p̄r,j retains more of the current token; smaller values propagate more from the preceding
band. Following the hard expansion in Equation 6, the residual frequency-refinement block applies
a depthwise convolution along frequency, a pointwise projection, and normalization. Its kernel size
and depth are reported in Appendix F.

The frequency-shared decoder Dr : RDsep → RK×2×2 maps each refined bin feature to mask
parameters within block r:

Hr = Rfreq
r (Ze

r) ∈ RFr×T×Dsep ,

Θr(f, t) = Dr(Hr(f, t)) ∈ RK×2×2.
(23)

For source k and component c ∈ {Re, Im}, the final axis of Θr(f, t) provides the two scalars of a
gated mask component:

m̃c
r,k(f, t) = [Θr(f, t)]k,c,1σ([Θr(f, t)]k,c,2) ∈ R, (24)

which defines the pre-projection mask M̃r,k ∈ CFr×T through [M̃r,k]f,t = m̃Re
r,k(f, t)+im̃Im

r,k(f, t).
For K > 1, let 1Fr×T ∈ RFr×T denote the all-ones matrix. The source-axis consistency projection
is

Mr,k = M̃r,k −
∑K

q=1 M̃r,q − 1Fr×T

K
; (25)

for K = 1, Mr,1 = M̃r,1. Concatenating masks from all blocks along frequency gives Mk ∈ CF×T

for each source. As in Section 3.3, Ŝk = X⊙Mk ∈ CF×T is transformed by the inverse STFT to
obtain ŝk.

C STRAIGHT-THROUGH GRADIENT FOR DISCRETE ASSIGNMENTS

For frequency position f , let Z(1)
r (f),Z

(0)
r (f) ∈ RT×Dsep collect the smoothed token features over

all T frames under the local hypotheses that a boundary is present or absent. With one-based band
indices, the two local assignments are

j(1)r (f) = sr(f) + 1− br(f), j(0)r (f) = sr(f)− br(f). (26)
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Thus, the boundary-present hypothesis uses the higher-index local band and the boundary-absent
hypothesis uses the lower-index local band. An invalid neighboring index falls back to the hard-
selected band. The soft assignment surrogate is the feature matrix

Zsoft
r (f) = pr(f)Z

(1)
r (f) + [1− pr(f)]Z

(0)
r (f) ∈ RT×Dsep . (27)

Let Ze
r(f) ∈ RT×Dsep be the feature matrix gathered from the selected hard partition, whose tth

row is Ze
r(f, t)

⊤. The straight-through representation is

ZSTE
r (f) = Ze

r(f) + Zsoft
r (f)− sg

(
Zsoft

r (f)
)
∈ RT×Dsep , (28)

where sg(·) denotes stop-gradient. Thus, the forward value is exactly the hard assignment, while
the backward pass differentiates through the neighboring-assignment surrogate. If the alternative
band index is outside {1, . . . , Jr}, its representation is replaced by that of the selected band and
contributes zero assignment gradient.

The confidence of the selected decision is

cr(f) = br(f)pr(f) + [1− br(f)] [1− pr(f)] ∈ [0, 1]. (29)

We retain the same hard forward value while adding the confidence path through

Zconf
r (f) = ZSTE

r (f) [cr(f) + sg(1− cr(f))] ∈ RT×Dsep . (30)

The bracket evaluates to one during the forward pass and supplies a direct gradient to the boundary
probabilities during backpropagation.

For the local derivative with respect to pr(f), hold the hard assignment and candidate feature matri-
ces fixed. The interpolation gives ∂Zsoft

r (f)/∂pr(f) = Z
(1)
r (f)−Z

(0)
r (f), while ∂cr(f)/∂pr(f) =

2br(f)− 1. Applying the product rule to the confidence path yields

∂Zconf
r (f)

∂pr(f)
= Z(1)

r (f)− Z(0)
r (f) +

(
2br(f)− 1

)
Ze

r(f). (31)

The difference of the candidate features supplies the interpolation gradient, and the last term sup-
plies the confidence contribution. Multiplication by pr(f)[1− pr(f)] gives the corresponding local
derivative with respect to the boundary logit ℓr(f). These are surrogate gradients for training; the
forward partition remains the Hard Top-K selection.

The boundary-density regularizer in Equation 9 acts on the soft probability field used by the surro-
gate and confidence paths; the realized hard band count is fixed separately by Hard Top-K.

D SOURCE-SEPARATION OBJECTIVES

DnR v2 and MUSDB18-HQ have named sources, so their training losses matched each output to its
corresponding reference. EchoSet has two interchangeable speaker outputs and used permutation-
invariant training (PIT). We computed SI-SDR and SNR after mean-centering the estimated wave-
form ŝk ∈ RL and its reference sk ∈ RL. In the following score definitions, these symbols denote
their centered versions. With the scalar projection coefficient ak = ŝ⊤k sk/∥sk∥22, the scores were

SI-SDR(ŝk, sk) = 10 log10
∥aksk∥22

∥ŝk − aksk∥22
,

SNR(ŝk, sk) = 10 log10
∥sk∥22

∥ŝk − sk∥22
.

(32)

Numerical stabilizers are omitted for clarity.

DnR v2. The fixed and DBS BSRNN models minimized mean negative SI-SDR over the three
named sources:

LSI-SDR = − 1

K

K∑
k=1

SI-SDR(ŝk, sk) , K = 3. (33)
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The fixed and DBS TIGER models followed the cinematic time-frequency MAE objective (Xu et al.,
2025). Let Qk = STFT(sk) ∈ CF×T and Q̂k = STFT(ŝk) ∈ CF×T be the spectra of the
reference and estimate. The waveform and real/imaginary spectral errors were

LTF-MAE =
1

K

K∑
k=1

[
∥ŝk − sk∥1

L

+
∥Re(Q̂k −Qk)∥1 + ∥ Im(Q̂k −Qk)∥1

FT

]
.

(34)

Here, ∥·∥1 sums the absolute values of all entries; division by L and FT forms the respective means.

MUSDB18-HQ. The fixed and DBS variants of BSRNN, BS-RoFormer, and MelRoFormer jointly
estimated the four named stems (vocals, drums, bass, and other), matching each prediction to its
corresponding reference. All three backbone pairs used the framework’s waveform MAE plus
multi-resolution complex-STFT MAE. The spectral term summed the mean absolute complex-
spectrogram error at window lengths {4096, 2048, 1024, 512, 256}, with a weight of 1.0 in the public
four-stem configurations. The BSRNN pair followed the BS-RoFormer training configuration.

EchoSet. Let Π2 be the set of two possible speaker assignments. DBS-BSRNN minimized PIT
negative SI-SDR,

LPIT-SI-SDR = min
π∈Π2

[
−1

2

2∑
k=1

SI-SDR
(
ŝk, sπ(k)

)]
, (35)

whereas DBS-TIGER used PIT negative SNR,

LPIT-SNR = min
π∈Π2

[
−1

2

2∑
k=1

SNR
(
ŝk, sπ(k)

)]
. (36)

Both losses were averaged over the training batch. The TIGER model followed its released train-
ing configuration, which specified negative SNR rather than the negative SI-SDR described in the
paper (Xu et al., 2025).2

E DATASET DETAILS

Table 6 summarizes the sampling rates, recording durations, and training/test partitions of the three
benchmarks.

DnR v2. Divide and Remaster (DnR v2) (Petermann et al., 2022) provides synthetic monaural
soundtracks for separating music, speech, and sound effects.3 Music clips were drawn from FMA,
speech from LibriSpeech, and sound effects from FSD50K. The construction procedure varied
source overlap and relative loudness to approximate soundtrack mixing, with foreground events and
background ambience combined into the sound-effects stem. Each mixture and its three reference
stems were released as 60-second waveforms at 44.1 kHz. The official v2 release contains 3,406
training, 487 validation, and 973 test mixtures. We used the complete training and test partitions
and evaluated all 973 full-length test recordings. Its combination of music, speech, and hetero-
geneous environmental events provides diverse spectral content for studying input-dependent band
allocation.

MUSDB18-HQ. MUSDB18-HQ (Rafii et al., 2019) is the uncompressed version of MUSDB18
and contains 150 full-length stereo songs spanning multiple genres.4 Each track is provided at
44.1 kHz as a mixture and four isolated stems: vocals, drums, bass, and other, with other collecting
the remaining accompaniment. The recordings originate primarily from DSD100 and MedleyDB,
together with additional contributed tracks. The uncompressed WAV release retains audio bandwidth

2TIGER’s public small-model configuration, commit 9f18d4a: https://github.com/
JusperLee/TIGER/blob/9f18d4a10a7137e1ce8052cfb62215179f1287b6/configs/
tiger-small.yml. The large-model configuration uses the same losses.

3Dataset download: https://zenodo.org/records/6949108.
4Dataset download: https://zenodo.org/records/3338373.
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up to approximately 22 kHz, beyond the approximately 16 kHz bandwidth of the AAC-compressed
version. We used the official partition of 100 training tracks and 50 test tracks, without external
training audio. Each model was trained to estimate all four stems jointly, and evaluation used the
complete test tracks.

EchoSet. EchoSet (Xu et al., 2025) targets two-speaker separation with noise, reverberation, and
variable temporal overlap.5 LibriSpeech utterances were rendered with SoundSpaces 2.0 in Mat-
terport3D indoor scenes, accounting for room geometry, object occlusion, and acoustic material
properties. The two speakers occupied the same room, with source–microphone distances sampled
between 1 and 5 m. Their speech signals were combined at randomly sampled overlap ratios and
mixed with background noise from WHAM!. The official splits contain 20,268 training, 4,604 val-
idation, and 2,650 test mixtures, each six seconds long at 16 kHz. We used the released training
partition and evaluated all 2,650 complete test mixtures. Both targets are speech, and the 16 kHz
sampling rate gives an analyzed frequency range of 0–8 kHz, complementing the broader-bandwidth
DnR v2 and MUSDB18-HQ benchmarks.

Table 6: Dataset sampling rates, recording durations, and official training/test partition sizes. Dura-
tion refers to a complete mixture or music track.

Dataset Rate (kHz) Duration (s) Train Test

DnR v2 44.1 60 3,406 973
MUSDB18-HQ 44.1 variable 100 50
EchoSet 16 6 20,268 2,650

F MODEL AND TRAINING CONFIGURATIONS

F.1 CONSTRUCTION OF 128-BAND FIXED PARTITIONS

For the DnR v2 fixed-band controls, we expanded the original layouts of BSRNN (Luo & Yu, 2023)
and TIGER (Xu et al., 2025) independently to 128 bands over 1025 STFT bins. Let m ∈ {B,T}
denote BSRNN or TIGER, respectively, and let Nm be its canonical band count. Its ordered band
widths form w(m) = (w

(m)
1 , . . . , w

(m)
Nm

) ∈ ZNm
>0 . The original layouts were

w(B) = (2×24, 4×12, 12×8, 24×8, 48×8, 128, 129), NB = 62,

w(T) = (2×20, 4×10, 11×8, 23×8, 46×8, 92×2, 121), NT = 57,
(37)

where a×n denotes n consecutive bands of width a. Both width vectors sum to 1025 bins. For
each backbone, define the canonical cumulative boundaries γ(m)

0 = 0 and γ
(m)
i =

∑i
k=1 w

(m)
k for

i = 1, . . . , Nm. We then locate the jth of 127 internal boundaries at the equal-rank coordinate

ξ
(m)
j =

Nmj

128
, i

(m)
j = ⌊ξ(m)

j ⌋, η
(m)
j = ξ

(m)
j − i

(m)
j , j = 1, . . . , 127, (38)

and interpolate on the corresponding cumulative-boundary curve:

B̃
(m)
j = γ

(m)

i
(m)
j

+ η
(m)
j w

(m)

i
(m)
j +1

. (39)

The integer boundaries were constructed in increasing order by

B
(m)
0 = 0, B

(m)
128 = 1025,

B
(m)
j = max

(
B

(m)
j−1 + 1,min

(
round(B̃

(m)
j ), 1025− (128− j)

))
, j = 1, . . . , 127.

(40)

The lower and upper clamps preserved strict ordering and reserved at least one STFT bin for every
remaining band. The resulting partitions comprised the intervals [B

(m)
j−1, B

(m)
j ), j = 1, . . . , 128,

preserving distinct backbone-specific frequency priors under the same band budget.

5Dataset download: https://huggingface.co/datasets/JusperLee/EchoSet.
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Table 7: Dataset-level STFT resolution and band-token budget shared across DBS backbones.
Dataset STFT bins Blocks Band tokens

DnR v2 1025 4 128
MUSDB18-HQ 1025 4 128
EchoSet 321 4 67

Table 8: Integration of DBS with four band-split separators. DBS replaced each model’s band
interface and mask reconstruction while retaining its separator core.
Backbone Original band interface Retained separator

BSRNN Fixed non-overlapping bands; per-band input and
mask heads

Temporal and inter-band RNNs

TIGER Fixed band splitter and restoration head FFI blocks
BS-RoFormer Fixed non-overlapping bands; multi-band masks Hierarchical RoPE

Transformers
MelRoFormer Overlapping Mel bands; Mel-band masks Hierarchical RoPE

Transformers

F.2 FREQUENCY LAYOUTS AND BACKBONE INTEGRATION

Frequency layouts. The “(128)” suffix in Table 1 denotes 128 band tokens per input window, not
a separator hidden dimension. For DBS, this budget did not fix the internal boundary locations.
All DBS backbones used four frequency blocks. On DnR v2, we used a 2048-point STFT with
1025 frequency bins. The zero-based block endpoints were 0, 64, 128, 576, and 1025, and the
per-block band budgets were (J1, J2, J3, J4) = (32, 32, 32, 32). Therefore, J =

∑4
r=1 Jr = 128.

MUSDB18-HQ also used 1025 frequency bins and a 128-band budget.

On EchoSet, both DBS backbones used a 640-point STFT with 321 frequency bins. The block
endpoints were (0, 40, 80, 168, 321) in zero-based bin indexing, with per-block band budgets
(40, 10, 8, 9) and J = 67 tokens in total. Hard Top-K selected the internal boundaries under
these budgets. Thus, the block supports and token counts were shared within each dataset, while
boundary locations and band widths remained mixture-dependent. Table 7 summarizes the STFT
resolutions and band-token budgets.

Backbone integration. BSRNN (Luo & Yu, 2023), TIGER (Xu et al., 2025), BS-RoFormer (Lu
et al., 2024), and MelRoFormer (Wang et al., 2023a) used different fixed band interfaces. In
each DBS integration, the mixture-conditioned partition, content-weighted band encoding, and full-
resolution reconstruction described in Section 3 replaced that interface and its band-based mask
reconstruction. The corresponding temporal and inter-band separator remained the modeling core
(Table 8). The fixed DnR v2 BSRNN and TIGER controls each used the 128-band expansion of their
own canonical layout (Appendix F.1). The expanded BSRNN grid retained its finer low-frequency
and coarser high-frequency allocation and also initialized DBS-MelRoFormer on MUSDB18-HQ,
whereas the fixed MelRoFormer control retained its overlapping Mel filterbank. The DBS and fixed
MelRoFormer results therefore compared complete band interfaces, rather than isolating boundary
movement within an otherwise identical front end.

F.3 OPTIMIZATION

We trained the DBS models on eight NVIDIA GeForce RTX 5090 GPUs. On DnR v2 and EchoSet,
training used three-second audio segments, a batch size of four per GPU (32 in total), and Adam with
an initial learning rate of 10−3 and zero weight decay. On MUSDB18-HQ, the BS-RoFormer pair
followed the framework’s public four-stem configuration6; the BSRNN pair used the same training
settings. The MelRoFormer pair followed its public four-stem configuration.7 These MUSDB runs

6https://github.com/ZFTurbo/Music-Source-Separation-Training/blob/main/
configs/config_musdb18_bs_roformer_384_8_2_485100_sage.yaml

7https://github.com/ZFTurbo/Music-Source-Separation-Training/blob/main/
configs/config_musdb18_mel_band_roformer_all_stems.yaml
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used Adam with an initial learning rate of 10−5 and a batch size of one per GPU; segment lengths
were 11 seconds for BSRNN and BS-RoFormer and eight seconds for MelRoFormer. Within each
backbone pair, the fixed and DBS variants used the same training data and schedule.

In each DBS model, the boundary predictor, band encoder, retained separator, and full-resolution
decoder were optimized jointly under the objective in Section 3.4. Hard Top-K fixed the forward
partition, while the straight-through path and boundary-density regularizer supplied training signals
to the predictor.

The DBS decoder used one frequency-direction refinement block. On DnR v2, its kernel size was 3,
the decoder received no direct full-resolution mixture-spectrum features, and the ratio-loss weight
was λratio = 0.01. On EchoSet, the ratio-loss weight rose from zero to 0.02 during schedule warm-
up.

G EVALUATION METRICS AND PROTOCOLS

G.1 WAVEFORM SCORES

Let u,v ∈ RL denote an estimated waveform and its reference, respectively, after the preprocessing
required by the evaluation protocol. All scores below are measured in decibels, with larger values
indicating better reconstruction; numerical stabilizers are omitted for clarity.

SI-SDR and SNR. The least-squares projection of u onto the span of v is a(u,v)v, where
a(u,v) = u⊤v/∥v∥22 is a scalar. SI-SDR measures the energy ratio between this projected tar-
get and the residual (Le Roux et al., 2019):

SI-SDR(u,v) = 10 log10
∥a(u,v)v∥22
∥u− a(u,v)v∥22

. (41)

SNR instead compares the estimate with the reference at its original amplitude scale:

SNR(u,v) = 10 log10
∥v∥22
∥u− v∥22

. (42)

The SI-SDR and SNR training losses in Appendix D used mean-centered waveforms. The public
EchoSet evaluator computes SI-SDR without mean centering and uses the same preprocessing for
separated estimates and mixture baselines.8

SDR. The BSS Eval definition allows a finite impulse response filter to account for permitted linear
distortion (Vincent et al., 2006). Let ℓ denote its length, Vℓ(v) ∈ R(L+ℓ−1)×ℓ the matrix whose
columns are delayed, zero-padded copies of v, and uℓ ∈ RL+ℓ−1 the zero-padded estimate. The
projected target is vproj = Vℓ(v)Vℓ(v)

†uℓ ∈ RL+ℓ−1, where † denotes the Moore–Penrose pseu-
doinverse. Then

SDR(u,v) = 10 log10
∥vproj∥22

∥uℓ − vproj∥22
. (43)

For EchoSet, the public TIGER evaluator uses fast bss eval (Scheibler, 2022) with its default
filter length ℓ = 512 and selects the source permutation that maximizes mean SDR.

G.2 SOURCE MATCHING, AVERAGING, AND IMPROVEMENT SCORES

For a test set of N recordings, let x(n), s
(n)
k , ŝ

(n)
k ∈ RLn denote the mixture, reference source, and

source estimate for recording n ∈ {1, . . . , N}, where Ln is its length in samples. DnR v2 and
MUSDB18-HQ have named output stems, so we scored each estimate against its corresponding

8TIGER’s public evaluation implementation, commit 9f18d4a: https://github.com/
JusperLee/TIGER/blob/9f18d4a10a7137e1ce8052cfb62215179f1287b6/look2hear/
metrics/wrapper.py.
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reference. For a scalar waveform metricM, the source-wise and overall averages are

Mk =
1

N

N∑
n=1

M
(
ŝ
(n)
k , s

(n)
k

)
,

M =
1

K

K∑
k=1

Mk.

(44)

We reported source-wise SI-SDR and its unweighted average for the three DnR v2 sources over
N = 973 recordings.

EchoSet has two unlabeled speaker outputs. Let Π2 be the set of their permutations. For each
recording and metric, we matched estimates to references using

π⋆
n,M ∈ argmax

π∈Π2

2∑
k=1

M
(
ŝ
(n)
π(k), s

(n)
k

)
, (45)

where π(k) indexes the estimate assigned to reference source k. Improvement was measured relative
to using the unprocessed mixture as the estimate for each target (Xu et al., 2025):

Mi =
1

NK

N∑
n=1

K∑
k=1

[
M
(
ŝ
(n)
π⋆
n,M(k), s

(n)
k

)
−M

(
x(n), s

(n)
k

)]
. (46)

SettingM to SDR or SI-SDR gives SDRi or SI-SDRi, respectively, with K = 2 and N = 2,650.
Absolute SI-SDR was also reported for our models where available. Source scores were averaged
within each recording, followed by averaging over test recordings.

G.3 INFERENCE PROTOCOL

We performed inference on complete test recordings. On DnR v2, we processed all 973 recordings
in three-second windows with a 1.5-second hop. For each window, DBS predicted a hard frequency
partition from the mixture and used it for both band encoding and full-resolution reconstruction. On
MUSDB18-HQ, each model jointly estimated vocals, drums, bass, and other from input chunks. We
combined the chunk-level estimates by overlap-add to reconstruct the four full-length stems. On
EchoSet, we processed each complete six-second mixture in a single forward pass to estimate both
speakers.

H ECHOSET SEPARATION RESULTS

Table 9 reports separation quality on EchoSet. Relative to the published BSRNN scores, DBS-
BSRNN improved SDRi by 0.46 dB and SI-SDRi by 0.43 dB. DBS-TIGER exceeded the published
TIGER scores by 0.33 and 0.31 dB on the same metrics, respectively. Improvements with both
backbones showed that the DBS interface also benefited speech separation within EchoSet’s 0–
8 kHz analyzed range.

I INFERENCE-TIME BOUNDARY SUBSTITUTION

We replaced the predicted boundaries of the trained DBS-BSRNN model on DnR v2 with uniform
or BSRNN-layout boundaries while keeping model weights, input windows, and the 128-band bud-
get fixed. The learned partition improved average SI-SDR by 1.27 and 0.45 dB over these fixed
partitions, respectively (Table 10). Within the trained model, boundary placement alone therefore
affected separation quality.

J DIAGNOSTIC ANALYSIS OF THE LEARNABLE FILTERBANK BASELINE

J.1 IDENTITY RECONSTRUCTION TEST

We examined the 128-group learnable filterbank used with BSRNN on DnR v2 at 44.1 kHz,
with a 2048-sample analysis window and 512-sample hop. To separate front-end recon-
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Table 9: SDRi and SI-SDRi (dB), parameter counts, and MACs per second of input audio on
EchoSet. Gray rows mark our DBS results; red subscripts show gains (dB) over the paired base-
line.

Method SDRi ↑ SI-SDRi ↑ Params (M) ↓ MACs (G/s) ↓
A-FRCNN-16 (Hu et al., 2021) 9.64 8.76 6.1 81.3
TDANet Large (Li et al., 2023) 10.14 9.21 2.3 9.2
TF-GridNet (Wang et al., 2023c) 13.73 12.85 14.4 323.8

BSRNN (Luo & Yu, 2023) 12.75 12.23 26.0 98.7
DBS-BSRNN 13.21+0.46 12.66+0.43 7.1 38.1

TIGER (Xu et al., 2025) 14.22 13.73 0.8 15.3
DBS-TIGER 14.55+0.33 14.04+0.31 1.1 21.1

Table 10: DnR v2 test-set SI-SDR (dB) under matched inference-time boundary substitution. Avg.
is the unweighted source mean.

Boundary source Music ↑ Speech ↑ SFX ↑ Avg. ↑
Uniform 5.07 13.31 5.02 7.80
BSRNN layout 6.04 14.36 5.46 8.62
Learned DBS 6.48 15.01 5.73 9.07

struction from source separation, we bypassed the mask estimator and evaluated analysis fol-
lowed immediately by synthesis on the same six-second mixed probe. The STFT and inverse
STFT underlying the Mel-band control reconstructed the probe accurately, whereas the learned
Conv1d/ConvTranspose1d pair produced a waveform with low input correlation and strongly
amplified RMS (Table 11). The analysis–synthesis path therefore introduced substantial distortion
independently of the separator output.

Table 11: Identity reconstruction on the same mixed-signal probe with the separator bypassed. SNR
is measured in dB; ρ is waveform correlation.

Front end SNR ρ RMS ratio

STFT (Mel-band control) 133.6 1.000 1.00
Learnable filterbank (K128) -42.5 0.030 133.65

J.2 LEARNED FILTER DISTRIBUTION

The learned analysis filters concentrated their peak responses at low frequencies (Figure 7). Of
1025 paired filters, 923 peaked below 1 kHz, and the highest peak was at 11.35 kHz, well below
the 22.05 kHz Nyquist frequency. Their magnitude responses were also redundant: mean pairwise
cosine similarity was 0.732, with 3,290 pairs above 0.9. This distribution left limited peak-response
coverage at higher frequencies.

J.3 COMPATIBILITY WITH BAND-SPLIT ARCHITECTURE

BSRNN models neighboring bands as adjacent intervals along the frequency axis. In this imple-
mentation, StaticBandSplit grouped each latent-channel pair (2b, 2b + 1) as though it were
frequency bin b and then applied the 128-group layout. The learned waveform filters had no ordering
constraint; 80 adjacent filter indices had peak frequencies that reversed by more than 1 kHz. Con-
sequently, the band sequence supplied to intra-band and inter-band modeling did not consistently
follow physical frequency order. The model combined a poorly reconstructing analysis–synthesis
path with latent ordering inconsistent with the assumed frequency topology.
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Figure 7: Peak-response frequencies of the 1025 paired analysis filters in the K128 learnable front
end. Counts use a logarithmic vertical scale.

K BOUNDARY ANALYSIS

K.1 ANALYSIS PROTOCOL AND PER-BLOCK STATISTICS

We analyzed the boundary behavior of the DnR v2 DBS-BSRNN checkpoint using 64 test mix-
tures sampled without replacement with a fixed seed. From the central 12 seconds of each mixture,
we evaluated seven three-second windows with a 1.5-second hop, giving 448 windows in total.
Cross-mixture statistics used one central window per mixture, giving 2,016 distinct pairs. Tempo-
ral statistics compared the six adjacent-window pairs within each mixture, giving 384 pairs. We
also repeated inference on each central window to test whether identical inputs produced identical
boundaries.

For two internal-boundary sets A and B in block r, each with Jr − 1 = 31 boundaries, we define
the boundary replacement rate as

d(A,B) = 1− |A ∩B|
Jr − 1

. (47)

The mandatory start of each block is excluded. A value of zero denotes identical internal bound-
aries, whereas larger values indicate that more of the fixed boundary budget has moved to different
frequency bins.

Variation across mixtures. Figure 8 shows the hard partitions predicted for the central windows.
The complete four-block partition was distinct for all 64 mixtures. B1, B2, B3, and B4 produced
64, 47, 64, and 64 unique partitions, respectively. Their mean cross-mixture replacement rates were
27.56%, 7.20%, 26.41%, and 46.13% (Table 12). The largest boundary movement occurred in B4
and the smallest in B2.

Temporal adaptation within a mixture. Adjacent windows exhibited the same pattern across
blocks. Their mean replacement rates were 22.13%, 5.69%, 19.62%, and 32.61% for B1–B4, re-
spectively. The partition responded to local content within a recording rather than assigning one
immutable template to each mixture. The router predicted one partition for an entire analysis win-
dow, so the observed adaptation was at the window level rather than the frame level.

Fixed budget and deterministic routing. Every analyzed window used the same budget of J = 128
dynamic bands and therefore the same 128 band tokens. Repeated inference on each of the 64 central
windows produced identical hard boundaries and Boundary Probabilities. The variation therefore

21



0.0 0.2 0.4 0.6 0.8 1.0 1.2
Frequency (kHz)

0

10

20

30

40

50

60

Te
st

 tr
ac

k 
(fi

xe
d 

or
de

r)

1.4 1.6 1.8 2.0 2.2 2.4 2.6
Frequency (kHz)

0

10

20

30

40

50

60

Te
st

 tr
ac

k 
(fi

xe
d 

or
de

r)
4 6 8 10 12

Frequency (kHz)

0

10

20

30

40

50

60

Te
st

 tr
ac

k 
(fi

xe
d 

or
de

r)

14 16 18 20 22
Frequency (kHz)

0

10

20

30

40

50

60

Te
st

 tr
ac

k 
(fi

xe
d 

or
de

r)

(a) Block 1: 64/64 unique layouts (b) Block 2: 47/64 unique layouts

(c) Block 3: 64/64 unique layouts (d) Block 4: 64/64 unique layouts

Figure 8: Input-dependent frequency partitions learned by DBS-BSRNN on DnR v2. Each row
corresponds to one test mixture and shows the hard boundaries predicted for its central three-second
window. Mixture order is shared by all panels. Boundary locations varied most strongly in B4,
whereas B2 retained a comparatively stable layout.

Table 12: Learned boundary dynamics on DnR v2. Unique per-block partitions were counted
among 64 central windows. Cross-mixture and adjacent-window columns report the mean percent-
age of internal boundaries replaced; mandatory block starts are excluded.

Block
Unique per-block

partitions
Cross-mixture

replacement (%)
Adjacent-window
replacement (%)

B1 64/64 27.56 22.13
B2 47/64 7.20 5.69
B3 64/64 26.41 19.62
B4 64/64 46.13 32.61

reflected deterministic input conditioning rather than stochastic inference or a larger band-token
budget for selected inputs.

K.2 ADDITIONAL BOUNDARY VISUALIZATIONS

Selection frequency across mixtures. Figure 9 summarizes the 64 central windows used for the
cross-mixture analysis. For each non-mandatory frequency bin, the plotted value is the fraction of
windows in which that bin was selected as an internal boundary. A value of one indicates selection
in all analyzed windows rather than a boundary fixed by the block scaffold. A value of zero indicates
that the bin was never selected. B2 has many positions with frequencies close to zero or one,
consistent with its low cross-mixture replacement rate in Table 12. B1 shows more intermediate
selection frequencies, while B3 combines frequently selected positions with many rarely selected
candidates. In B4, boundaries are distributed over a wider set of candidate bins, matching its larger
cross-mixture replacement rate in Table 12. These patterns show how the same per-block band count
can produce different degrees of boundary movement across the frequency axis.

Boundary movement within a recording. Figure 10 shows the seven overlapping three-second
windows of one test mixture, ordered by window start time. The example was selected as the me-
dian track according to its mean adjacent-window replacement rate among the 64 analyzed mixtures.
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Figure 9: Empirical boundary-selection frequency over the central windows of 64 DnR v2 test
mixtures. Mandatory block starts were excluded. B4 had the broadest input-dependent selection
frequencies, whereas B2 was comparatively stable across mixtures.

Boundaries that appear at the same horizontal position in successive rows are retained across win-
dows. Offsets and interruptions indicate that a neighboring window selected another frequency bin.
Several positions remain aligned through most of the recording, particularly in B2, while other posi-
tions change as the analyzed audio advances. B4 shows more such turnover than B2, consistent with
their adjacent-window replacement rates of 32.61% and 5.69%, respectively, in Table 12. Every row
still contains the same per-block boundary budget, so the changing pattern represents a reallocation
of boundary locations rather than a change in token count.

Boundaries in spectral context. Figure 11 overlays predicted boundaries on the mean mixture
STFT power for four preselected examples in B3 and B4. Power is expressed relative to the maxi-
mum within each panel, allowing the boundary pattern to be read alongside the shape of that exam-
ple’s spectrum. The lines often form a denser group near the lower edge of a block, but their positions
and spacing farther across the block differ between examples. Thus, the fixed budget of 32 bands
per block does not imply a common within-block layout. The overlay makes the input-dependent
allocation visible alongside mixture-level spectral shape. It does not attribute each selected bin to a
particular source or spectral peak.
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Figure 10: Predicted boundaries across seven overlapping windows of one DnR v2 test mixture.
Each row is a separate 3-second inference window and adjacent windows had a 1.5-second hop.
The example had the median mean temporal replacement rate among the 64 analyzed mixtures. The
partition was fixed within each window and changed between windows.
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Figure 11: Mean input STFT power and predicted hard boundaries for four preselected DnR v2
examples in B3 and B4. Power was normalized to the maximum within each panel. The visualization
supplies input context and does not by itself establish semantic alignment or a separation-quality
gain.
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