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Abstract

Contrastive learning has emerged as a powerful tech-
nique in audio-visual representation learning, lever-
aging the natural co-occurrence of audio and vi-
sual modalities in extensive web-scale video datasets
to achieve significant advancements. However, con-
ventional contrastive audio-visual learning methodolo-
gies often rely on aggregated representations derived
through temporal aggregation, which neglects the in-
trinsic sequential nature of the data. This oversight
raises concerns regarding the ability of standard ap-
proaches to capture and utilize fine-grained informa-
tion within sequences, information that is vital for
distinguishing between semantically similar yet dis-
tinct examples. In response to this limitation, we
propose sequential contrastive audio-visual learning
(SCAV), which contrasts examples based on their non-
aggregated representation space using sequential dis-
tances. Retrieval experiments with the VGGSound and
Music datasets demonstrate the effectiveness of SCAV,
showing 2–3× relative improvements against tradi-
tional aggregation-based contrastive learning and other
methods from the literature. We also show that models
trained with SCAV exhibit a high degree of flexibility
regarding the metric employed for retrieval, allowing
them to operate on a spectrum of efficiency-accuracy
trade-offs, potentially making them applicable in multi-
ple scenarios, from small- to large-scale retrieval.

1 Introduction
Audio-visual representation learning is at the core of sev-
eral recent advancements such as multimodal LLMs (Zhang,
Li, and Bing 2023; Gemini-Team 2023) and generative
models used in video-to-audio (Luo et al. 2023), audio-
to-video (Jeong et al. 2023), joint audio-visual (Ruan et
al. 2023), and any-to-any (Tang et al. 2023) synthesis.
Contrastive learning (Chopra, Hadsell, and LeCun 2005;
van den Oord, Li, and Vinyals 2019), which aims to dis-
tinguish between similar and dissimilar pairs of data points,
has emerged as an effective methodology for learning audio-
visual representations by relying on the co-occurrence of the
two modalities in unlabeled web-scale video datasets (Kor-
bar, Tran, and Torresani 2018; Ma et al. 2021a). The stan-
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Figure 1: Aggregation-based vs. our proposed sequential-
based contrastive strategy.

dard approach for contrastive audio-visual learning (CAV)
is to contrast between global embedding vectors, which
should ideally capture all the semantics of each example.
In the case of audio and video, such vectors are typically
obtained by aggregating the sequence of feature vectors, ei-
ther by mean aggregation (Wu et al. 2023b; Xu et al. 2021;
Gong et al. 2023) or by using a learnable <cls> token (Wu
et al. 2023a). A simplified example of this process is pre-
sented in the left part of Fig. 1.

Although a global embedding might be sufficient for static
modalities, like images (Radford et al. 2021), we argue that
it is potentially over-compressing for modalities of a dy-
namic nature, like videos or music, thus hindering the ef-
fectiveness of contrastive learning and the robustness of the
multimodal space. Consider the challenge of audio-visual
retrieval in the context of music videos, where the goal is to
find video segments that closely match a given audio query,
such as a snippet of melody or rhythm. Traditional methods,
which rely on globally aggregated vectors, may struggle due
to the dynamic and complex nature of music videos. For ex-
ample, a user might search for video segments that feature
a particular guitar riff accompanied by a dynamic stage per-
formance. If the sequential nature of the representations has
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been lost due to compressing into a single aggregated vec-
tor, key details about the guitar’s tone, the riff’s tempo, and
the corresponding visual elements (e.g., the guitarist’s move-
ments, lighting changes, etc.) could be lost. A more nuanced
approach that maintains the temporal and expressive details
of both audio and video modalities could dramatically im-
prove retrieval accuracy in such cases.

In this paper, we propose sequential contrastive audio-
visual (SCAV) learning, which operates directly on natu-
ral and non-aggregated representation spaces, and can thus
take advantage of the fine-grained local semantic informa-
tion available in the feature sequences (Fig. 1). Our pro-
posed method aims to obtain a robust sequential and mul-
timodal representation space that can be useful for several
tasks, such as generation or retrieval. In the retrieval sce-
nario, we experiment with different sequential distance met-
rics for the proposed SCAV method, considering both ac-
curacy and efficiency. Interestingly, after training single-
modality encoders to contrastively align feature sequences,
we find that a simple Euclidean distance is more effective,
efficient, and scales better to larger batch sizes than com-
plex functions such as Dynamic Time Warping (Vintsyuk
1968) or Wasserstein (Frogner et al. 2015) distances. Using
sequence-based retrieval, our proposed contrastive method
with the Euclidean formulation surpasses its aggregation-
based counterpart by a large margin. SCAV also outperforms
other state-of-the-art methods from the literature like Im-
ageBind (Girdhar et al. 2023) and CAV-MAE (Gong et al.
2023), which are both larger and pretrained on more data.
Furthermore, the gap becomes more evident for zero-shot
retrieval on the challenging Music dataset (Zhao et al. 2018),
which demands for high capabilities of intra-sequence mod-
eling and discrimination. Finally, we take advantage of an
emergent property of our models, which allows them to use
either the efficient aggregation-based retrieval or the more
accurate sequence-based one. Thus, we additionally propose
a hybrid approach that combines the best of both strategies
and provides a flexible trade-off between accuracy and effi-
ciency.

2 Background
2.1 Related Works
Contrastive learning has been traditionally used in self-
supervised unimodal representation learning such as vi-
sion pretraining (Chen et al. 2020b) and audio pretrain-
ing (Baevski et al. 2020). Recently it has also achieved im-
pressive results in multimodal representation learning, by
utilizing large amounts of (weakly) supervised data. Exam-
ples can be found in vision-language (Radford et al. 2021;
Jia et al. 2021) and audio-language (Wu et al. 2023b;
Elizalde, Deshmukh, and Wang 2023) modalities, and re-
cently also when dealing with more than two modali-
ties (Girdhar et al. 2023; Guzhov et al. 2022; Wang et al.
2023; Cheng et al. 2023).

The general correspondence of the audio and visual
modalities in the natural world has lead to the application
of contrastive learning in audio-visual representation learn-
ing through unlabeled web-scale video datasets. Early works

used this audio-visual correspondence in a discriminative
approach, either predicting whether a visual and an audio
frame originate from the same point in the video (Arand-
jelovic and Zisserman 2017; Arandjelovic and Zisserman
2018) or focusing on the temporal synchronicity between
visual and audio clips (Owens and Efros 2018; Korbar,
Tran, and Torresani 2018). A fully-contrastive framework
was later adopted (Morgado, Vasconcelos, and Misra 2021),
while further works proposed to improve the quality of
negative examples (Ma et al. 2021a; Kalayeh et al. 2022)
and to target the issues of false positives and false neg-
atives in the contrastive framework (Morgado, Misra, and
Vasconcelos 2021; Sun et al. 2023). Some works used
both local and global information to enhance the general-
isability of the learned representations (Ma et al. 2021b;
Recasens et al. 2021). More recently, MAViL (Huang et al.
2023) and CAV-MAE (Gong et al. 2023) combine the con-
trastive task with mask data modeling, which improves the
quality of the audio-visual representations. Similar to these
works, we also make use of contrastive learning. However,
in different than these works, we formulate it in a sequen-
tial distance setting, making better use of the rich and fine-
grained temporal information of audio and video represen-
tations.

For video-paragraph pretraining, TempCLR (Yang et al.
2023) proposed to generate negative examples by shuf-
fling the order of clips and sentences in the video, and
applied contrastive learning with dynamic time wrapping
(DTW) (Vintsyuk 1968) as a sequential distance metric. In
the context of mobile robotics and the task of visual place
recognition, SeqMatchNet (Garg, Vankadari, and Milford
2021) first encodes visual frames in sequential representa-
tions and then applies contrastive learning with a triplet loss
based on euclidean distances, which improves visual recall.
To the best of our knowledge, these two are the only works
that have used sequential distances in a contrastive learning
framework. However, none of them deals with audio-visual
representations. In our work, we further consider several dif-
ferent sequential distances which we investigate in terms
of both accuracy and compute. Furthermore, we also apply
the sequential distances for retrieval at inference time with
drastically improved performance, and propose a hybrid re-
trieval approach that is as accurate and also computationally
cheaper than sequence-based retrieval.

2.2 Aggregation-based Contrastive Learning

We now describe how standard (aggregation-based) con-
trastive learning is performed (Morgado, Vasconcelos, and
Misra 2021; Ma et al. 2021a). In this and the following sec-
tions, we denote tensors and matrices with uppercase bold
(X), vectors and columns of such matrices with lowercase
bold (x), and single numbers or elements of such matrices
or vectors with regular italics (x,X). Given a batch of B
visual and audio representations {(Hvi ,Hai)}Bi=1 extracted
from videos, where Hvi ∈ Rni×c and Hai ∈ Rmi×c rep-
resent row-wise sequences of ni and mi feature vectors of
dimensionality c, respectively, the aggregation-based audio-
visual contrastive loss is defined as



Lagg = − 1

2B

B∑
i=1

[
log

(
exp(sii/τ)∑B
j=1 exp(sij/τ)

)
+

log

(
exp(sii/τ)∑B
j=1 exp(sji/τ)

)]
, (1)

where τ > 0 is a learnable temperature parameter and sij is
the cosine similarity between temporally-aggregated video
and audio representations:

sij =
(h̄vi)⊺ · h̄aj

||h̄vi ||2 · ||h̄aj ||2
. (2)

Temporal aggregation is performed by row-wise averaging
H such that h̄ ∈ Rc, thus allowing for ni ̸= mi. Note that
indices i and j switch the order in the second term of the
summation in Eq. 1, and that such indices are not associated
with video or audio but with the element in the batch. The
goal of Eq. 1 is to pull together the aggregated audio and
visual representations that originate from the same example
and, at the same time, push away the ones originating from
different ones.

A caveat of this approach is that it disregards the se-
quential nature of the visual and audio modalities, since it
is applied on aggregated representations h̄. Although Eq. 2
can match the general semantics through these representa-
tions, it is doubtful whether it can adequately model the re-
lations between different temporal sub-spaces within them.
Take, for example, a visual scene where three events are
happening in order, as in (ϵv1, ϵ

v
2, ϵ

v
3), and two semantically

similar, but temporally different audio scenes (ϵa1 , ϵ
a
2 , ϵ

a
3)

and (ϵa3 , ϵ
a
2 , ϵ

a
1). Eqs. 1,2 provide the correct signal to the

model as to which representations to pull/push, but the bot-
tlenecked mean-aggregated space potentially does not have
the capacity to do so, even though we use a quite complex
model to produce H. Thus, it becomes questionable whether
the vanilla formulation of contrastive learning can accurately
learn how to disambiguate between the correct and false
audio-visual pairings in such scenarios, which are not so rare
in web-scale video datasets.

3 Method
The model we consider is depicted in Fig. 2. It consists of
a visual and an audio processing stack. We first extract pre-
trained features for each modality using frozen visual and
audio front-end models, and then further process them with
learnable Transformer blocks, to obtain audio-visual se-
quential semantic representations. In the following sections,
we provide a detailed overview of the model architecture
(Sec. 3.1), followed by our proposed sequence-based for-
mulation (Sec. 3.2), with several different possible distance
functions. Finally, we discuss the ways in which the trained
models can be used for audio-visual retrieval and propose a
sequence-based and a hybrid methodology (Sec. 3.3).

3.1 Architecture
Given an unlabelled video, which we denote with subindex
i, we extract the visual and audio sequences Vi,Ai, where

Figure 2: Model Architecture for Sequential Contrastive
Learning (SCAV)

Vi ∈ Rni×h×w×3 is a sequence of ni visual frames and
Ai ∈ Rmi×b is a sequence of mi audio frames contain-
ing Mel filterbank features. Note that the two sequences can
have different sampling rates and thus, in general, ni ̸=
mi. Using Vi and Ai, we obtain visual and audio fea-
tures via pretrained models CLIP (Radford et al. 2021) and
BEATs (Chen et al. 2023). We use the pretrained encoders
as feature extractors, and thus keep them frozen during train-
ing.

CLIP is a vision-language model that has been pretrained
with contrastive learning on a large dataset of paired images
and textual descriptions. It thus serves as a state-of-the-art
visual recognition front-end, and furthermore its multimodal
nature can allow for our framework to be extended to the
text modality in the future. We use the image encoder from
CLIP, which is a Vision-Transformer (ViT) (Dosovitskiy et
al. 2021). We process each frame separately and then con-
catenate them to obtain a sequence of semantic visual repre-
sentations, expressed as V̂i.

BEATs is a state-of-the-art audio tagger that has been
pretrained with self-supervised learning and finetuned on
large-scale audio event classification. Different from other
audio front-ends that are limited to providing a single se-
mantic representation for the whole audio (Wu et al. 2023b;



Elizalde, Deshmukh, and Wang 2023), outputs from BEATs
are fine-grained per-frame predictions of audio events. This
can provide us with a semantically-rich sequential audio rep-
resentation that can be beneficial in cases where multiple se-
quential events are happening within an audio. We use the
encoder of BEATs that also follows the ViT architecture1.
We discard the linear classification layer and thus use the
final hidden representation of the encoder, thus obtaining a
sequence of semantic audio features, expressed as the matrix
Âi.

We first project both V̂i and Âi to the same dimension-
ality c using two-layered MLPs. Next, we employ two ran-
domly initialized encoders to obtain the latent matrix repre-
sentations Hvi ∈ Rni×c and Hai ∈ Rmi×c. The two en-
coders follow a Transformer architecture with c channels
and sinusoidal positional encodings (Vaswani et al. 2017).
The number of blocks for the two encoders will vary (4.1), as
the audio representation is already a well-formed sequence
and thus requires a less complex processing than the visual
one, which comes from independently extracted frame rep-
resentations. In summary, we perform:

Hvi = encv
(

mlpv(V̂i) + βv · pos(ni)
)
,

Hai = enca
(

mlpa(Âi) + βa · pos(mi)
)
,

where, pos(·) is the positional encoding function for rela-
tive positional embeddings (Chi et al. 2022) and βv, βa > 0
are learnable parameters. Although BEATs has positional in-
formation through relative positional embeddings (Chen et
al. 2023), we found it beneficial to re-introduce them with
pos(·).

3.2 Sequential Contrastive Learning
Unlike previous works which use aggregation-based con-
trastive learning, here we compute a distance directly on
the sequential latent representations (without any compres-
sion/pooling), and thus propose the following contrastive
loss:

Lseq = − 1

2B

B∑
i=1

[
log

(
exp(−d̄row

ii /τ
seq)∑B

j=1 exp(−d̄row
ij /τ

seq)

)
+

log

(
exp(−d̄col

ii /τ
seq)∑B

j=1 exp(−d̄col
ji /τ

seq)

)]
, (3)

where τ seq > 0 is a learnable temperature hyperparame-
ter and dij ≥ 0 is the result of a distance function be-
tween visual and audio representation sequences Hvi and
Haj , dij = dist(Hvi ,Haj ). We consider three different se-
quential distance functions for dist(·), which we analyze in
the following subsections. We denote the matrix of B × B
pairwise distances by D.

It is important to note that, for each of the two terms in
Eq. 3, we shift and re-scale D by row- and column-wise z-
score normalization. This is crucial in order to signify the

1The input Mel Filterbank features are patchified and the out-
put is de-patchified again to a monotonically aligned sequence,
see (Chen et al. 2023).

differences between correct and in-correct pairs, which di-
minish due to the distance being computed in a very high-
dimensional space (ni × c)× (mj × c). Specifically, we use

D̄row
=

D − meanrow(D)

stdrow(D)
(4)

D̄col
=

D − meancol(D)

stdcol(D)
. (5)

Interpolated Euclidean Since two audio-visual se-
quences have in general different sampling rates (ni ̸= mj),
a straightforward method to get a sequential distance mea-
sure is to interpolate2 one of the sequences to the length
of the other one, and then calculate the mean squared eu-
clidean distance between every corresponding point in the
sequences. There are several options for the interpolation,
regarding the direction of interpolation, from visual to au-
dio (v → a) or from audio to visual (a → v) resolutions,
and regarding the application level, which can be at the pre-
trained features (pre, using V,A) or at the shared represen-
tation space (post, using Hv,Ha) (also denoted in Fig. 2).
More formally,

distEucl
v→a(H

vi ,Haj ) =
1

mj

mj∑
k=1

δ(hvi→aj
k ,haj

k ),

distEucl
a→v(H

vi ,Haj ) =
1

ni

ni∑
k=1

δ(hvi
k ,haj→vi

k ), (6)

where δ : Rc × Rc → R+ is the squared euclidean distance
between two normalized c-dimensional vectors,

δ(x, y) =
c∑

i=1

(
xi

||x||2
− yi

||y||2

)2

, (7)

and hv→a
i ∈ Rmj×c and ha→v

j ∈ Rni×c are the interpolated
sequences. We experiment with all these options regarding
the direction (v → a/a → v) and the level (pre/post) of the
interpolation, considering both performance and compute.

Dynamic Time Warping DTW (Vintsyuk 1968; Itakura
1975) is defined as the distance associated with the short-
est alignment path between the two sequences, where the
two sequences can have different lengths. Since DTW is not
differentiable, we are using its differentiable variant soft-
DTW (Cuturi and Blondel 2017), which is defined as

distDTW(Hvi ,Haj ) = minγ
∑

(k,l)∈π

δ(hvi
k ,h

aj
l ), (8)

where δ is the squared euclidean distance (Eq. 7), π denotes
the set of all possible alignment paths, and minγ represents
the soft-minimum operator influenced by the hyperparame-
ter γ > 0 (γ → 0 yields an approximation increasingly close
to the original DTW distance).

2The term interpolation applies to both up-sampling and down-
sampling sequences.



Wasserstein Finally, we examine the application of the
Wasserstein distance (Frogner et al. 2015) using optimal
transport (Peyré and Cuturi 2019). Assuming two uniform
probability distributions χi, ψj , with χi

k = 1/ni and ψj
l =

1/mj , that define the mass in each position of the visual
and audio representations, and given a pairwise squared
euclidean cost matrix ∆ij ∈ Rni×mj

+ , where ∆ij
kl =

δ(hvi
k ,h

aj
l ), the Wasserstein distance is defined as the min-

imum transportation cost over all possible transportation
plans Zij ∈ Rni×mj

+ between the two representations. To
make it differentiable and efficient to compute we are using
the upper-bound regularized version and evaluate it with the
Sinkhorn algorithm (Knopp and Sinkhorn 1967):

distWASS(Hvi ,Haj ) =

min
Zij

 ∑
(k,l)∈π

Zij
kl · δ(h

vi
k ,h

aj
l )− ξ ·H(Zij)

 (9)

s.t.
mj∑
l=1

Zij
:,l = 1/ni and

ni∑
k=1

Zij
k,: = 1/mj ,

where ξ > 0 is a hyperparameter and H(·) the Von Neuman
entropy of a matrix.

Since the Wasserstein distance is permutation invariant,
and thus by default is a distance measure between two sets of
points, to make it sequential, we concatenate two positional
regularization terms νi ∈ Rni and µj ∈ Rmj in order to pe-
nalize the transportation of mass between two distant points
(Le et al. 2023; Tsiamas et al. 2024). Thus, the Wasserstein
distance (Eq. 9) is applied using the modified representations
H̄vi ∈ Rni×(c+1) and H̄aj ∈ Rmj×(c+1):

H̄vi = [Hvi ;λνi], where νik =
k − 1

ni − 1
, (10)

and

H̄aj = [Haj ;λµj ], where µj
l =

l − 1

mj − 1
, (11)

using λ > 0 as a positional regularization hyperparameter.

3.3 Retrieval with Sequential Distances
Aggregation-based Retrieval To use the trained model
for audio-visual cross-modal retrieval, we can apply (row-
wise) mean-aggregation to the representations Hvj ,Haj

to obtain collapsed (temporally-aggregated) c-dimensional
embeddings for the whole test set. Then, when querying with
the i-th visual embedding, we retrieve the index j∗ of the au-
dio embedding with the highest cosine similarity score (Eq.
2). In section 4.2 we will see that, despite being trained on
a sequence basis, SCAV can also perform retrieval with ag-
gregated embeddings.

Sequence-based Retrieval The use of sequential con-
trastive learning during training can enable the application
of sequential distances also for retrieval. Thus, querying
with the representation i, we retrieve the audio representa-
tion j∗ with the lowest sequential distance dist. Here, dist is

either the interpolated Euclidean, the DTW3, or the Wasser-
stein distance, depending on which function was used during
training. Also note that we do not have to apply the z-score
normalization applied during training (Eq. 4), since it is a
monotonic transformation.

Hybrid Retrieval Since sequence-based retrieval can be
computationally expensive for large-scale scenarios, we also
propose a hybrid, filtering-based approach for retrieval. This
approach works by first doing a pre-selection of the k most
similar candidates (with k significantly lower than the size of
the test set) by leveraging the relatively cheap aggregation-
based retrieval, and then performing the final selection by
employing the more computationally-demanding sequence-
based retrieval on the pre-selected pool of k candidates.

4 Experiments
4.1 Setup
Data We use the data from VGGSound dataset (Chen
et al. 2020a) to train and test our models, which con-
tains 10-second clips from YouTube videos. For training
we use 153,000 videos (we use a sample of 550 videos
from the training set for validation), and for testing we use
13,000 videos from the test split.4 For out-of-distribution
testing we use the test split of the Music dataset (Zhao et
al. 2018; Zhao et al. 2019). The nature of these videos re-
quires strong audio onset detection from the close-up camera
recording of someone playing a musical instrument, there-
fore we use this dataset to evaluate retrieval in a challeng-
ing setting. We extracted 1,908 test video clips, each span-
ning 10 s duration, from a non-overlapped sliding window
applied upon 103 test videos effectively downloaded from
the MUSIC21-solo test partition. 5

Model Architecture For each video, we extract its RGB
visual frames at its native sampling rate (usually 30 fps,
which amounts to a sequence of length 300 for a 10-second
video). Each frame is processed independently with a vi-
sual front-end, which is a CLIP image encoder: we use
the ViT-B/32 configuration, which is based on the Vision-
Transformer (Dosovitskiy et al. 2021), with 12 blocks, di-
mensionality of 768 and 12 attention heads, with a total of
90 M parameters. 6 The input to the model is divided into
patches of 32 × 32 of pixels and flattened. At the output,
the <cls> token is used as the representation of the im-
age/frame, which is projected to a dimensionality of 512.

For the audio stream of each video, we resample to 16 kHz
and extract 128-dimensional Mel Filterbank features with a
window of 25 ms. Mel Filterbank sequences are processed
by the BEATs encoder (Chen et al. 2023), which has been
pretrained with self-supervised learning and then fine-tuned
on audio classification with AudioSet-2M (Gemmeke et al.

3For retrieval we can use actual DTW instead of its differen-
tiable version.

4Our train/test splits have less data than the original VGGSound
due to missing videos and to filtering videos with low quality and
videos without sound.

5github.com/roudimit/MUSIC dataset
6huggingface.co/openai/clip-vit-base-patch32

https://github.com/roudimit/MUSIC_dataset
https://huggingface.co/openai/clip-vit-base-patch32


2017). 7 BEATs is a Transformer with 12 blocks and di-
mensionality of 768, and has in total 90 M parameters. We
remove the audio classification head and use the final hid-
den representation. The input to BEATs is split into 16× 16
patches and flattened. Its output is reconstructed to a mono-
tonic sequence by stacking the patches of each time-step
along the feature dimension, resulting in an output dimen-
sionality of 6144. It has a resolution of 6.2 fps and thus a 10-
second audio has length of 62. CLIP and BEATs networks
remain frozen in all our experiments.

The visual and audio MLPs of our model have hidden di-
mensions of 2048 and 768 respectively, and project to a com-
mon dimensionality of 512. The scale of the positional en-
codings is learned and initialized to 1/

√
512. The visual and

audio Transformers have 8 and 2 blocks, respectively, both
with a dimensionality of 512, hidden dimension of 2048, 8
attention heads, and pre-layernorm (Xiong et al. 2020). The
GELU activation function (Hendrycks and Gimpel 2023) is
used in the MLPs and the Transformers. The total number of
training parameters for our model is 38 M.

Training Details We use AdamW (Loshchilov and Hut-
ter 2019) (β1=0.95, β2=0.98) with a base learning rate of
7 · 10−4 and a cosine scheduler with linear warm-up (see
below). All models are trained with one loss function, either
the standard aggregation-based one (Eq. 1), which we denote
as CAV, or the sequence-based one (Eq. 3), which we denote
as SCAV. The sequence-based one can be based on the in-
terpolated euclidean (Eq. 6, the DTW (Eq. 8, or the Wasser-
stein (Eq. 9). Experiments with smaller batch sizes (less than
100 examples) are trained for 250 k steps with 10 k warm-
up, while experiments with larger ones are trained for 150 k
steps with 5 k warm-up. Dropout is set to 0.1 for all mod-
ules. When training with the aggregation-based contrastive
loss (Eq. 1), we mean-aggregate the representations to indi-
vidual 512-dimensional embeddings and initialize the learn-
able temperature to τ = 0.07, as in (Radford et al. 2021;
Wu et al. 2018). When training with the sequence-based
contrastive loss (Eq. 3), we found it useful to initialize the
temperature to τ seq = 1. For the soft-DTW we tune γ to 1
(Eq. 8), while for the Wasserstein distance we use ξ = 1 for
the entropy regularization (Eq. 9) and tune λ to 1 for the po-
sitional regularization (Eqs. 10,11). Our models are trained
on an NVIDIA V100-32GB using full precision.

Evaluation We average the 10 best checkpoints according
to validation set performance. We evaluate on the test sets
of VGGSound and Music using either aggregation-based or
sequence-based retrieval (section 3.3), and report Audio-to-
Visual (A → V) and Visual-to-Audio (V → A) Recall mea-
sured at 1 and 5. In the last part of the results, we perform
hybrid retrieval and a small ablation.

4.2 Results
CAV/SCAV Variants We first investigate the effective-
ness of the proposed SCAV learning on bidirectional re-
trieval in VGGSound-Test. In the left part of Table 1, we

7github.com/microsoft/unilm/tree/master/beats
Fine-tuned BEATs iter3+ (AS2M) (cpt2)

present the Recall at 1 (R@1) in a setting where we trained
with small batch sizes of 32 examples (section 4.1) and
using a single contrastive objective (aggregation-based or
sequence-based). We observe that SCAV models can ben-
efit dramatically by using sequence-based retrieval instead
of the standard aggregation-based one (Agg vs. Seq). Fur-
thermore, among the sequential distances, the interpolated
Euclidean outperforms soft-DTW and Wasserstein, while
also being simpler and more efficient. We hypothesize that,
when using Euclidean distances for training, the Trans-
former blocks learn to smooth out some warping invari-
ances, if needed. Lastly, we notice that even though models
trained with the SCAV objective have not been explicitly op-
timized to perform aggregation-based retrieval, they can do
fairly well in a zero-shot fashion, being competitive with the
CAV models (Agg columns).

The batch size is a special hyperparameter in contrastive
learning, since usually the higher the better, as the con-
trastive signal becomes more certain with more negatives.
Thus, in order to make a more fair comparison, assuming
the same computational budget for all methods, we repeat
the experiments but with maxing-out the batch size (max
BS, right part of Table 1). Note that, due to the computa-
tions required for the pairwise sequential distance matrices
(Eq. 3), most methods cannot scale beyond a batch size of
64 in a 32 GB GPU.8 We observe that the SCAV configura-
tion where we apply pre-interpolation from video-to-audio
(Eucl/pre/v → a), when fully scaled to a batch size of 256,
can surpass the other methods9. This indicates that, at least
for VGGSound, a higher resolution in the representations is
not that crucial, and it can be traded-off in favor of more neg-
atives in the batch. For a fair comparison, we also perform
the same pre interpolation for the CAV method, which can
then be scaled to 1024 examples per batch. Interestingly, we
do not notice any improvement, which is possibly explained
by diminishing returns in the effect of more negatives per
aggregated example. Due to its simplicity, scalability, and
performance, we focus the rest of the experimentation on
SCAV with interpolated Euclidean.

Comparison with Other Methods In Table 2 we provide
the results of our method in VGGSound-Test and also in
the zero-shot and out-of-distribution data of the Music-Test
dataset. We compare against two strong baselines from the
literature10: ImageBind (Girdhar et al. 2023), which added
other modalities to the CLIP space, having around 1 B pa-
rameters, and CAV-MAE (Gong et al. 2023) which was
trained with masked data modeling and aggregation-based
contrastive learning using AudioSet-2M (Gemmeke et al.
2017), a superset of VGGSound. In VGGSound, we observe
that SCAV can surpass the previously proposed methods

8We use vectorized operations to efficiently obtain the corre-
sponding distance matrices. One could increase the batch size be-
yond these numbers by iterative computations, but these would in-
crease dramatically the training time.

9For an example of 10 seconds, the audio sequence has a length
of 62 due to BEATs’ resolution, so most batches are down-sampled
to this number in pre/v → a.

10We re-run the provided public models for our test splits.

https://github.com/microsoft/unilm/tree/master/beats


Contrastive
Method BS

R@1 max
BS

R@1
A→V V→A A→V V→A

Agg Seq Agg Seq Agg Seq Agg Seq

CAV 32 10.2 10.6 10.3 8.0 192 12.2 12.7 12.5 11.6
CAVpre/v→a 32 10.0 10.6 9.7 7.9 1024 12.1 12.2 12.1 11.6

SCAVEucl/pre/v→a 32 8.7 18.7 7.6 18.3 256 11.9 22.6 10.1 22.3
SCAVEucl/pre/a→v 32 9.0 18.6 8.1 18.3 64 9.7 20.8 8.3 20.5
SCAVEucl/post/v→a 32 9.5 19.2 8.2 18.4 96 11.4 21.3 7.8 21.3
SCAVEucl/post/a→v 32 9.3 18.6 7.7 18.4 64 10.0 20.6 7.5 20.1
SCAVDTW 32 9.2 12.5 9.8 13.0 64 9.5 14.2 11.5 15.9
SCAVWasserstein 32 11.1 15.0 9.5 14.8 64 11.3 16.1 9.7 16.6

Table 1: Bidirectional retrieval results (R@1) in VGGSound-Test with different contrastive methods. Models are run with
either the aggregation-based contrastive objective (CAV) or the sequence-based one (SCAV). Each model is run with a small
batch size (BS) of 32, and a maxed-out batch size (max BS). For each model, we perform aggregation-based retrieval (Agg)
and sequence-based retrieval with the corresponding distance used in SCAV training (Seq). CAV models use the interpolated
Euclidean for sequence-based retrieval. The subscript in the method name indicates the interpolation used, if any (pre/post and
v→a/a→v).

by large margins, indicating that it can make better use of
the fine-grained sequential information in the audio-visual
representations. More specifically, it improves R@1 by 10–
12 points compared to ImageBind, and 14–15 points com-
pared to CAV-MAE. It is noteworthy that our aggregation-
based contrastive method (CAV) is competitive with previ-
ous works, which we hypothesize is due to the use of BEATs
as an audio front-end (sequence-based, non-aggregated fea-
tures).

In Music, for which all models are evaluated zero-shot,
SCAV outperforms again previous works and CAV, by even
larger margins in relative comparisons. More specifically,
the post-interpolation Euclidean contrastive variant is more
than 3 times better than ImageBind and CAV-MAE in terms
of R@1. The Music dataset is not only out-of-distribution
due to its domain, but also much more challenging due to
the presence of multiple videos with almost identical vi-
sual and acoustic features. Thus, the higher performance of
our proposed method in this challenging setting re-enforces
our claim for the importance of a representation space with
proper intra-sequence temporal modeling. Finally, we find
that different variants of SCAV score better for each dataset.
This is because the post/a → v is expansive and can thus
provide more sequential contrastiveness (crucial for Music),
as compared to pre/v → a, which is compressive and can
use more negatives within a batch (better for VGGSound).

Hybrid Retrieval Although the benefits of retrieval with
sequential distances compared to mean aggregation and co-
sine similarity are evident, there is an extra computational
overhead. This overhead is not an issue when performing
retrieval in VGGSound, but it can become problematic in
large-scale retrieval settings of millions of examples. This
can work for models trained with sequential contrastive
learning due to their emergent aggregation-based retrieval
capabilities (Table 1, Agg columns). In Figure 3 we test this
hypothesis with a range of values for k in both VGGSound
and Music. The results suggest that hybrid retrieval can

achieve the upper-bound Recall score of the full sequence-
based retrieval with k = 100. This showcases a useful
flexibility in the trade-off between efficiency and accuracy,
which is not present in models trained with aggregation-
based contrastive learning. Table 3 shows a speed test with
the hybrid retrieval approach. We test, for different val-
ues of k, the time to retrieve 1,000 queries in a test set of
10,000 candidates (k = 100 means aggregation-based re-
trieval, while k = 104 is the full sequence-based retrieval).
Results indicate that, although sequence-based can be costly,
the hybrid approach is indeed efficient. At k = 102, where
according to Fig. 3 we already reach the retrieval score of
the sequence-based approach, the hybrid approach has only
a ×1.5 and ×1.8 computational overhead compared to the
aggregation-based one.

Figure 3: Hybrid Retrieval on VGGSound test (left y-axis)
and Music test (right y-axis). Recall@1 is the average of
A→V and V→A scores. x-axis has log scale.

Ablations We conclude with three ablations, presented at
Table 4. We find that shifting and re-scaling with z-score
normalization is essential for our method, since without it,
performance is almost on par with aggregation-based con-
trastive learning. This is likely due to the sequential dis-



Models Training
parameters

VGGSound Music
A→V V→A A→V V→A

R@1 R@5 R@1 R@5 R@1 R@5 R@1 R@5

ImageBindHUGE 1 B 10.8 26.4 12.1 28.6 2.5 12.2 2.6 11.4
CAV-MAEscale+ 200 M 5.5 14.0 6.5 17.1 2.3 9.6 2.1 10.0

CAV 38 M 12.2 31.1 12.5 30.8 3.8 10.5 2.8 11.5
SCAVEucl/pre/v→a

† 38 M 22.6 42.7 22.3 42.3 9.3 21.8 7.3 19.4
SCAVEucl/post/a→v

† 38 M 21.3 42.0 21.3 40.9 9.5 22.5 8.1 21.3

Table 2: Bidirectional retrieval results in VGGSound and Music (Zero-shot) test. Upper part of the Table is other works, and
lower part is this work. All methods are evaluated on the same test sets. † use Sequence-based retrieval.

k GPU CPU

100 0.33 (×1.0) 2.6 (×1.0)

101 0.38 (×1.2) 3.6 (×1.4)

102 0.50 (×1.5) 4.6 (×1.8)

103 1.73 (×5.2) 7 (×28.0)

104 13.90 (×42.0) 741.0 (×285.0)

Table 3: Absolute (in seconds) and relative inference time
for hybrid retrieval of 1 k queries in a test set of 10 k candi-
dates.

Method A→V V→A

SCAVEucl/pre/v→a 22.6 22.3
↪→ w/o Dist. Norm. 12.5 12.7
↪→ w/ Small τ seq Init. 18.6 18.5
↪→ w/ multi-tasking 15.3 15.4

Table 4: Ablations. Bidirectional retrieval with Recall@1 in
VGGSound-Test.

tances being not very distinct from each other due to the
high-dimensional space, which is eased by the normaliza-
tion. Furthermore, contrary to the standard way of initializ-
ing the temperature with small values (e.g., 0.07 in (Wu et al.
2018; Radford et al. 2021)), in our sequential setting is bet-
ter to start training from a larger value (e.g., 1). This entails
that the task is harder in the start of the training, due to the
scaled logits in Eq. 3 being less confident, but we hypothe-
size it’s beneficial in order to develop a robust shared multi-
modal space. Finally, we experiment with optimizing both
the sequence-based and the aggregation-based contrastive
objective using multi-task learning (with equal importance).
We notice that including the standard contrastive objective
reduces recall@1 by 7 points, indicating that the two ob-
jectives result in different representation spaces, and do not
work in synergy.11

11We did notice an improvement in aggregation-based retrieval,
but the much less in magnitude than the drop in sequence-based.
Experiment is done with mean-pooling, but results were the same
with using a <cls> token for aggregation.

5 Conclusion
In this work we introduced a novel approach for audio-
visual contrastive learning based on sequential distances,
which also enables their use during inference for retrieval.
We conducted experiments to investigate several distance
metrics, and showed that our sequential contrastive learn-
ing using an interpolated Euclidean distance can surpass
aggregation-based contrastive learning and other methods
by large margins. We further showed that our method is par-
ticularly effective in a challenging out-of-distribution setting
where enhanced intra-sequential discrimination capabilities
are needed. Finally, we proposed a hybrid method for re-
trieval that provides a useful flexibility between efficiency
and accuracy and opens the way for our method to be per-
formant in large-scale retrieval scenarios. Future work will
investigate the addition of the text modality in the sequential
audio-visual representation space, which has the potentially
to enable many multi-modal applications, like generation.
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