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Abstract—Head-related transfer functions (HRTFs) with dense spa-
tial grids are desired for immersive binaural audio generation, but their
recording is time-consuming. Although HRTF spatial upsampling has
shown remarkable progress with neural fields, spatial upsampling only
from a few measured directions, e.g., 3 or 5 measurements, is still chal-
lenging. To tackle this problem, we propose a retrieval-augmented neural
field (RANF). RANF retrieves a subject whose HRTFs are close to those
of the target subject from a dataset. The HRTF of the retrieved subject at
the desired direction is fed into the neural field in addition to the sound
source direction itself. Furthermore, we present a neural network that
can efficiently handle multiple retrieved subjects, inspired by a multi-
channel processing technique called transform-average-concatenate. Our
experiments confirm the benefits of RANF on the SONICOM dataset,
and it is a key component in the winning solution of Task 2 of the lis-
tener acoustic personalization challenge 2024.

Index Terms—Head-related transfer function, spatial audio, neural
field, retrieval-augmented generation

I. INTRODUCTION

Spatial audio rendering has been extensively studied for various ap-
plications, including telepresence systems [1] and mixed reality tech-
nologies [2], [3]. To generate high-quality immersive audio over head-
phones, the spatial filtering effects as sound travels from its source
to each ear should be mimicked by head-related transfer functions
(HRTFs). These filtering effects are caused by the reflection and scat-
tering of sound on the upper torso, head, and pinnae. Hence, HRTFs
are different for each subject, and the use of a generic HRTF may
result in suboptimal perceptual localization [4], [5]. Although indi-
vidual HRTFs should ideally be measured with dense spatial grids,
this requires an enormous amount of time and effort [6]. To mitigate
this problem, various HRTF spatial upsampling and personalization
methods have been developed [7]–[11].

Neural networks have recently been applied to spatial upsampling,
motivated by their adaptive and powerful modeling capabilities [12]–
[20]. In particular, neural field (NF)-based methods can exploit a
dataset with arbitrary spatial grids and have shown promising perfor-
mance by representing HRTFs as a function of the sound source direc-
tion [16]–[19]. NF was first used to represent the HRTFs of a single
subject, then extended to represent those of multiple subjects by in-
corporating a small number of subject-specific parameters [18], [19].
As a result, a pre-trained generic NF can be easily adapted to a new
subject by optimizing the subject-specific parameters while freez-
ing most of the model parameters. While this adaptation works well
when a large number of measurements are available, spatial upsam-
pling from fewer than ten measurements remains highly challenging.

As an orthogonal direction to spatial upsampling, HRTF selection
has also been explored to synthesize plausible binaural audio. From
a given dataset with a dense spatial grid, this method aims to select
a subject whose HRTFs are close to HRTFs of the target subject. In
[21], [22], a subject manually selects the best-fitting subject from a

This work was performed while C. Ick was an intern at MERL.

① Retrieving subjects 
from a dataset 

② Computing HRTF 
magnitude and ITD

③ Selecting the subject-
specific parameters

④ Predicting the target 
HRTF magnitude and ITD

Fig. 1. Overview of RANF. It aims to predict the HRTF magnitude and ITD
of a target subject s at a desired direction d as in 4⃝. We retrieve K subjects
in 1⃝ and compute their HRTF magnitude and ITD at the desired direction
d in 2⃝. The retrieved HRTF magnitude and ITD are fed into NF with the
sound source direction and the subject-specific parameters selected in 3⃝.

dataset through listening tests. To reduce the effort of the target sub-
ject, objective selection methods without human evaluation have been
developed by using the similarities of HRTFs at a limited number of
directions [15] or anthropometric measurements [2], [23], [24]. These
methods can achieve moderate performance with a limited number of
HRTF recordings or even only with anthropometric measurements.

HRTF selection motivates us to enhance NF for HRTF spatial up-
sampling by using selected HRTFs. Retrieval-augmented generation
(RAG) [25] has shown remarkable success in various modalities in-
cluding natural language processing [25], [26], computer vision [27],
[28], and audio processing [29], [30]. RAG retrieves relevant infor-
mation from external resources and feeds it into a neural network as
a context for data generation. This can improve the generalization
capability to out-of-distribution data and the performance without in-
creasing the model parameters. We can interpret the selected HRTFs
as the context for generating HRTFs of the target subject.

In this paper, we propose a retrieval-augmented NF (RANF) to ad-
dress the challenges in HRTF spatial upsampling from sparse mea-
surements. The overview of RANF is depicted in Fig. 1. Inspired by
HRTF selection, RANF retrieves multiple subjects whose HRTFs are
close to those of the target subject at the measured directions. Then,
RANF uses HRTFs of the retrieved subjects in the desired direction
as an auxiliary input to NF. Furthermore, we propose a network ar-
chitecture that can efficiently exploit multiple retrievals to improve
the HRTF prediction performance. In our experiments on the SONI-
COM dataset [31], RANF outperformed the NF without retrieval and
the HRTF selection methods.

II. PRELIMINARIES

A. Problem setting

Let Hs(d) ∈ CF×2 denote the HRTF for a subject s and direction
d = (θ, ϕ), where F is the number of frequency bins, θ ∈ [0, 2π)
is the azimuth, and ϕ ∈ [−π/2, π/2] is the elevation. The azimuth
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increases counter-clockwise with θ = 0 directly in front of the sub-
ject, while the elevation increases upward with ϕ = 0 corresponding
to the equatorial plane. Let S be the training set of subjects whose
HRTFs are measured at all directions d ∈ D. Meanwhile, HRTFs of
a new subject s̄ /∈ S are measured at a limited number of directions
d ∈ D′, where D′ ⊂ D. We aim to predict Hs̄(d) for a new subject
s̄ and all directions d ∈ D from only the measurements for d ∈ D′.

Existing studies have shown that azimuth localization mainly relies
on the interaural time difference (ITD) and the interaural level dif-
ference (ILD) [32], while elevation localization depends on spectral
coloration [33]. Hence, HRTF phase is not essential to localization
as long as ITD is preserved. This motivates us to approximate the
complex HRTF Hs(d) via its magnitude response As(d) ∈ RF×2

+

and ITD τs(d) ∈ R. The predicted HRTF magnitude can be con-
verted to the time domain with the minimum phase [34], and ITD is
compensated by shifting the time-domain impulse responses.

B. Neural field (NF) for HRTF spatial upsampling

An NF for HRTF spatial upsampling is trained to be a map from
a sound source direction to a representation of the HRTF. The HRTF
field [18] predicts the magnitude response As(d) as follows:

As(d) = NF(d | Ξs), (1)

where NF is specialized for each subject s, and Ξs denotes its pa-
rameters. Since HRTFs have similarities across different subjects, we
can pre-train a generic NF for multiple subjects with a small num-
ber of subject-specific parameters [18], [19]:

As(d) = NF(d | Γ,Ξs), (2)

where Γ denotes the parameters shared across different subjects, and
Ξs steers the generic model to represent the HRTF of a target subject
s. During its pre-training, NF is trained on given pairs of subject
s ∈ S and direction d ∈ D, jointly optimizing Γ and Ξs,∀s ∈ S.
Then, we adapt NF to a new target subject s̄ by optimizing the subject-
specific parameters Ξs̄ on the limited number of measurements, while
freezing the shared parameters Γ. This adaptation is more efficient
than training a new NF in (1) from scratch. In [19], the low-rank
adaptation (LoRA) [35] shows promising adaptation performance by
modifying the weight of the lth layer Wl ∈ RNl×Ml as follows:

Wl,s = Wl + ul,sv
T
l,s, (3)

where (·)T denotes the transpose, and ul,s ∈ RNl and vl,s ∈ RMl

are subject-specific vectors for building a rank-1 matrix.
While existing NF-based methods have focused on approximating

the HRTF magnitude, we predict ITD in sample τs(d) as well:

As(d), τs(d) = NF(d | Γ,Us,Vs), (4)

where the subject-specific parameters Ξs in (2) are split into Us =
[u1,s, . . . ,uL,s] and Vs = [v1,s, . . . ,vL,s] for LoRA. This allows
us to reconstruct the head-related impulse responses except for the
distance-dependent time-of-arrival and to evaluate the impulse re-
sponses with the objective measures used in the listener acoustic per-
sonalization (LAP) challenge1.

III. PROPOSED METHOD: RANF

A. Overview of RANF

As 1⃝ in Fig. 1, we first retrieve K subjects rsk ∈ S for a given
target subject s, where k = 1, . . . ,K is the index of the retrieved
subjects. The K subjects are selected on the basis of the similarity of

1https://www.sonicom.eu/lap-challenge

the ITD and/or HRTF magnitude to those of a target subject s at the
measured directions in D′. To avoid clutter, we omit the superscript
s in rsk hereafter. In 2⃝, we compute the HRTF magnitudes Ar1:k (d)
and ITDs τr1:k (d) for the retrieved subjects at the desired direction
d. These are fed into NF as additional clues to predict the HRTF of
the target subject in 4⃝:

As(d), τs(d) = RANF(d,Ar1:k (d), τr1:k (d) | Γ,Us,Vr1:k ), (5)

where subject-specific parameters are selected in 3⃝, combining pa-
rameters Us for the target subject s and parameters Vr1:k =
{Vr1 , . . . ,Vrk} for the retrieved subjects rk. This allows RANF to
perform retrieval-dependent processing.

During the pre-training of RANF, we optimize the shared parame-
ters Γ and the subject-specific parameters (Us,Vr1:K ) on given pairs
of the target subject s ∈ S and sound source direction d ∈ D. We re-
trieve the K subjects also from S, where we ensure rk ̸= s for all k.
The shared and subject-specific parameters are optimized to minimize
the sum of the log-spectral distortion (LSD) on the HRTF magni-
tudes and the ϵ-insensitive mean absolute error (MAE) on the ITDs2:

Lpre-train =
∑
s∈S

∑
d∈D

L(H⋆
s(d),Hs(d)), (6)

L(H⋆(d),H(d))=LSD(A⋆(d),A(d))+λMAEϵ(τ
⋆(d), τ(d)), (7)

where λ ∈ R+ is a hyperparameter, (·)⋆ indicates the oracle value, ϵ
is set to 0.5 to consider the quantization error in the oracle sample-
level ITD, and LSD is defined as

LSD(A⋆(d),A(d)) =
1

2

2∑
c=1

√√√√ 1

F

F∑
f=1

(
20 log10

Ac,f (d)

A⋆
c,f (d)

)2

. (8)

In (7) and (8), we omit the subscript s for the subject to show a
general case, and c ∈ {1, 2} and f = 1, . . . , F are the channel
and frequency indices, respectively. Then, we adapt the pre-trained
generic model to a new target subject s̄ /∈ S by optimizing only Us̄

to minimize the following loss function:

Ladaptation =
∑
d∈D′

L(H⋆
s̄(d),Hs̄(d)). (9)

During the adaptation, we freeze the shared parameters Γ and the
parameters relying on the retrieved subjects Vr1:k .

B. HRTF retrieval in 1⃝ and 2⃝
To efficiently personalize a generic NF to the target subject s, we

retrieve K subjects from a given HRTF dataset whose HRTF will be
helpful to predict the HRTF of the target subject. In detail, we retrieve
top-K subjects on the basis of a HRTF error measure Lretrieval:

r̃1, . . . , r̃K ← argmin
r1:K∈[S]K

K∑
k=1

∑
d∈D′

Lretrieval(Hs(d),Hrk (d)), (10)

where [S]K denotes the set of all subsets of S with K distinct ele-
ments. The choice of Lretrieval affects the prediction quality, and we
investigate using LSD or MAE on ITDs in Section IV-C.

In 2⃝, the HRTF magnitudes and ITDs of the retrieved subjects
r1:K at the desired direction d are computed, assuming that all of the
desired directions are in the set of sound source directions D. This
assumption is not overly limiting if the HRTF dataset for retrieval
has sufficiently dense spatial grids. If the desired direction d is not in
D, we can use another NF to predict the HRTFs at d for the subjects
in the dataset. We shall leave this for future work.

2We compute LSD and the oracle ITD based on Spatial Audio
Metrics: https://github.com/Katarina-Poole/Spatial-Audio-Metrics.

https://www.sonicom.eu/lap-challenge
https://github.com/Katarina-Poole/Spatial-Audio-Metrics
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Fig. 2. Network architecture for the proposed RANF. HRTF magnitudes are encoded by a convolution network and decoded by a deconvolution network. The
retrieved ITDs are encoded as RFF with the sound source direction and passed to an FC layer. The feature sequence in the gray box is for each of the K retrieved
subjects and processed in parallel except for the inter-subject TAC module. The features are aggregated across all retrieved subjects by averaging (Avg.).

C. Network architecture for RANF in 4⃝
Figure 2 illustrates a network architecture for RANF. The HRTF

magnitude of each retrieved subject is encoded with a 1D convolu-
tion network that downsamples the number of frequency bins F to
F ′, where input and output channels are 2 and C, respectively. The
convolution network captures the local frequency information in the
retrieved HRTF magnitude. Meanwhile, the retrieved ITD is trans-
formed into random Fourier features (RFF) [36] with the azimuth
and elevation of the sound source. The RFF is converted into two C-
dimensional feature vectors by a fully connected (FC) layer and con-
catenated at both ends of the encoded magnitude. Hence, ITD-related
features are passed to the beginning of both forward and backward
LSTMs in the following intra-subject BLSTM modules. We obtain
K feature sequences with shape (F ′ + 2)× C.

Next, we feed the feature sequences into B core-processing blocks,
each consisting of an intra-subject BLSTM module and an inter-
subject transform-average-concatenate (TAC) module [37] with a
residual connection. In the intra-subject BLSTM module, we handle
each of the K feature sequences separately and perform sequence
modeling along the F ′ + 2 feature dimensions. On the other hand,
the inter-subject TAC module mixes the feature vectors across dif-
ferent retrieved subjects, where each of F ′ +2 feature dimensions is
treated separately. This module includes LoRA to perform retrieval
and target-dependent processing.

After the B core-processing blocks, we average the K feature se-
quences into a single target feature sequence. A portion of this se-
quence corresponding to the HRTF magnitude is processed by E
post-processing FC layers with LoRA, where both LoRA vectors are
specified by the target subject as in (3). The output sequence is de-
coded to the two-channel HRTF magnitude by a 1D deconvolution
block. Meanwhile, the features at both ends are summed up for ITD
prediction and passed to E post-processing FC layers. We then in-
corporate an additional RFF computed only from the desired direc-
tion d and predict the residual between the oracle ITD and the aver-
age ITD of the retrieved subjects via FC layers without LoRA. That
is, the network is trained to predict τs(d)− (1/K)

∑K
k=1 τrk (d).

D. Inter-subject TAC module

For the inter-subject TAC module, we treat each of the F ′+2 fea-
ture vectors in the sequence separately. This module mixes the in-
formation across different retrieved subjects by using a TAC mod-
ule [37] and performs subject-specific processing with LoRA.

Figure 3 shows the inter-subject TAC module, where LN is layer
normalization. The input feature vectors are processed by two FC
layers, where the outputs of one FC layer are averaged over the re-
trieved subjects. The averaged vector is concatenated with the outputs
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for 1
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for 1

FC w/ 
LoRA LN
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Fig. 3. Inter-subject TAC module. Trainable layers are colored, where the
layers with the same color share their parameters.

of the other FC layer. This TAC operation was originally proposed
for multi-channel speech separation to handle multi-channel features
in a permutation invariant manner [37]. We use the TAC operation to
efficiently mix the features for multiple retrieved subjects. It can scale
the model to an arbitrary number of retrieved subjects, which is ad-
vantageous for environments with variable computational resources.

The concatenated features are then passed to an FC layer with
LoRA. Here, LoRA differs from (3) as follows:

Wb,s,k = Wb + ub,sv
T
b,rk , (11)

where b = 1, . . . , B indexes the core-processing blocks. With the
modification in (11), we aim to take the relation between the target
and retrieved subjects into account. Since we retrieve rk from the set
of pre-training subjects S even in inference, vb,rk can be pre-trained
and fixed during the adaptation.

IV. EXPERIMENTS

A. Dataset and experimental setup

We evaluate RANF on the SONICOM HRTF dataset [31], which
includes 200 subjects and 793 measurements per subject. HRTFs were
sampled at 48 kHz, and a free-field compensation was performed
with a minimum-phase filter as in the LAP challenge. The first 179
subjects were used for pre-training, and the remaining 20 subjects
were used to evaluate the adaptation capability. We removed subject
P0079 from the dataset due to its atypical ITD behavior. Within
the 179 subjects, the last 19 subjects were used for validation. The
upsampling performance was investigated on four different sets D′

of measured directions for the target subjects, where the number of
measured directions varied in (3, 5, 19, 100) as in the LAP challenge.

The convolution and deconvolution networks consisted of 4 layers
with the PReLU activation, where the encoded dimension C was 128.
The number of core-processing blocks B was 4, and the BLSTM
had 64 units for each direction in each block. The FC layers in the
inter-subject TAC module used the GELU activation. The number of



TABLE I
LSD, ILD ERROR, AND ITD ERROR FOR DIFFERENT NUMBERS OF MEASURED DIRECTIONS FOR ADAPTATION.

3 measurements 5 measurements 19 measurements 100 measurements

Methods ITD [µs] ILD [dB] LSD [dB] ITD [µs] ILD [dB] LSD [dB] ITD [µs] ILD [dB] LSD [dB] ITD [µs] ILD [dB] LSD [dB]

Nearest neighbor 274.2 7.6 8.7 154.2 4.8 8.3 108.3 3.0 5.4 44.0 1.4 3.4
HRTF selection (ITD) 26.3 1.4 6.4 24.5 1.5 6.4 23.2 1.6 6.7 20.0 1.4 6.3
HRTF selection (LSD) 37.5 1.5 5.8 35.7 1.4 5.6 37.4 1.5 5.5 31.4 1.3 5.4

NF (CbC) [18] 22.1 1.5 4.9 20.7 2.0 5.2 14.8 1.8 5.0 11.8 1.7 5.1
NF (LoRA) [19] 28.6 1.3 4.7 24.7 1.4 4.6 14.7 1.1 4.1 9.1 1.1 3.8

RANF (proposed) 20.5 1.2 4.4 18.7 1.2 4.6 14.2 1.0 3.6 10.0 0.8 3.0

102 103 104
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−40

−20
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]

Target
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Fig. 4. Ipsilateral HRTF magnitudes for a subject with (θ, ϕ) = (π/2, 0).

post-processing FC layers E was set to 2, and the last ITD prediction
network consisted of 2 layers. In (7), we set λ to 20.8 to change
the loss scale from sample to microsecond. The neural network was
first pre-trained for 200 epochs and then adapted for 500 epochs by
using the RAdam optimizer with an initial learning rate of 0.001.
The learning rate was multiplied by 0.9 when the validation loss
did not decrease for 10 successive epochs. The model with the best
validation loss was used for adaptation. During adaptation, we did
not perform validation to exploit all the measurements for adaptation.
Our training and inference scripts are available online3.

We adopted two baselines: the nearest neighbor direction and
HRTF selection. The best-fitting subject was selected from the 179
subjects in terms of LSD or MAE of ITDs. In addition, we compared
the proposed method to NFs with two kinds of subject-specific param-
eters: the conditioning by concatenation (CbC) [18] and LoRA [19].
CbC introduces a subject-specific latent vector and concatenates it to
the input. Its dimension was set to 32 following the original paper.

B. Comparison with existing methods

Table I shows the average scores used in the LAP challenge,
where we evaluate the performance only on the unmeasured direc-
tions d ∈ D\D′. In RANF, we used MAE on ITDs to retrieve 5
subjects based on a preliminary study. The nearest neighbor direc-
tion performed poorly with only 3 or 5 measurements, which high-
lights the difficulty of HRTF spatial upsampling from such a limited
number of measurements. Meanwhile, HRTF selection retained rea-
sonable performance even in the sparsest condition.

Regarding the existing NF-based methods, both methods substan-
tially improved LSD from HRTF selection. NF (LoRA), which con-
tains more subject-specific parameters, achieved better LSD but in-
creased the ITD error for 3 and 5 measurements, likely because LoRA
overfits for such a limited number of measurements. By incorporat-
ing the top-5 retrievals, RANF consistently outperformed the base-
lines and improved upsampling performance from NF (LoRA) except
for the ITD with 100 measurements. Figure 4 shows examples of the
predicted HRTF magnitude for subject P0181 under the 100 mea-
surements condition. We can observe that RANF captured the peak
and notch around 10 kHz more accurately than NF (LoRA).

3https://github.com/merlresearch/ranf-hrtf

TABLE II
UPSAMPLING RESULTS WITH DIFFERENT RETRIEVAL STRATEGIES.

Retrieval criterion # of retrievals K ITD [µs] ILD [dB] LSD [dB]

Random
1 26.6 1.3 4.4
5 23.8 1.3 4.5

10 23.5 1.3 4.4

LSD
1 29.9 1.3 4.6
5 22.4 1.2 4.4

10 22.7 1.2 4.4

ITD error
1 23.8 1.2 4.4
5 20.5 1.2 4.4

10 22.7 1.3 4.4

TABLE III
RESULTS WITH AND WITHOUT POST-PROCESSING FC LAYERS. PARAMS

REFERS TO THE NUMBER OF SHARED TRAINABLE PARAMETERS.
Post-processing

FC layers B Params (M) ITD [µs] ILD [dB] LSD [dB]

✕ 4 0.75 24.6 1.4 4.7
✕ 5 0.89 24.3 1.3 4.7

✓ 4 0.82 20.5 1.2 4.4

C. Ablation study

To show the efficacy of our retrieval strategy and network architec-
ture, we perform an ablation study on the 3 measurement condition.
Retrieval strategy: In RANF, we need to choose the HRTF error
measure Lretrieval in (10). In addition to top-K retrieval in terms of
LSD and the ITD error, we evaluated the random retrieval of sub-
jects for pre-training. Table II presents the HRTF spatial upsampling
performance with different retrieval criteria and different numbers of
retrievals. The results show comparable LSD and ILD error regard-
less of the number of retrievals or their criterion. Conversely, ITD
upsampling performance was substantially improved when perform-
ing retrieval based on the ITD error. It also helped to retrieve more
than one subject, and we ultimately found that retrieving 5 subjects
with the ITD-based criterion leads to the best results.
Efficacy of post-processing FC layers: Our NF shown in Fig. 2
leverages LoRA in two formulations. LoRA in the core-processing
blocks depends on both target and retrieved subjects as in (11), while
LoRA in the post-processing FC layers relies solely on the target
subject as in (3). Table III presents the upsampling performance with
and without the post-processing FC layers, where K = 5. It can be
observed that the post-processing FC layers bring better performance
even with fewer shared trainable parameters.

V. CONCLUSION

We present RANF, an HRTF spatial upsampling method that en-
hances NF by leveraging HRTF selection. RANF retrieves multiple
subjects from a given HRTF dataset, and our experiments demon-
strated the benefit of multiple retrievals in terms of ITD error. The
winning system of the LAP challenge 2024 is based on RANF, and
our future work will include a detailed analysis of RANF after the
organizer releases the baselines and full datasets.

https://github.com/merlresearch/ranf-hrtf
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H. Küttler, M. Lewis, W.-t. Yih, T. Rocktäschel et al., “Retrieval-
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