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Abstract—Visually grounded speech systems learn from paired
images and their spoken captions. Recently, there have been
attempts to utilize the visually grounded models trained from
images and their corresponding text captions, such as CLIP, to
improve speech-based visually grounded models’ performance.
However, the majority of these models only utilize the pretrained
image encoder. Cascaded SpeechCLIP attempted to generate
localized word-level information and utilize both the pretrained
image and text encoders. Despite using both, they noticed a sub-
stantial drop in retrieval performance. We proposed Segmental
SpeechCLIP which used a hierarchical segmental speech encoder
to generate sequences of word-like units. We used the pretrained
CLIP text encoder on top of these word-like unit representations
and showed significant improvements over the cascaded variant
of SpeechCLIP. Segmental SpeechCLIP directly learns the word
embeddings as input to the CLIP text encoder bypassing the
vocabulary embeddings. Here, we explore mapping audio to CLIP
vocabulary embeddings via regularization and quantization. As
our objective is to distill semantic information into the speech
encoders, we explore the usage of large unimodal pretrained
language models as the text encoders. Our method enables us
to bridge image and text encoders e.g. DINO and RoBERTa
trained with uni-modal data. Finally, we extend our framework
in audio-only settings where only pairs of semantically related
audio are available. Experiments show that audio-only systems
perform close to the audio-visual system.

I. INTRODUCTION

Speech processing systems aided by large amounts of la-
beled data and computational resources achieve remarkable
performance [1]–[3]. However, vast amounts of labeled data
are not available for most languages, and transcribing a
large amount of speech data is expensive. Therefore, there
has been a lot of interest in developing methods to learn
useful information from unlabeled data [4]–[10]. Recently,
self-supervised learning (SSL) methods have emerged as a sig-
nificant paradigm for learning representations from unlabeled
audio data [1], [11], [12]. In SSL methods, the model is trained
to solve a pretext task for which labels can be generated from
the raw audio. Some common pretext tasks include masked
language modeling [1], [13], next frame prediction [11], next
segment prediction [14], [15], and masked reconstruction [16],
[17]. Speech systems built on top of these SSL representations
require much less labeled data to match the performance of
systems built without them [1]. Another direction is to use
multimodal data and extract useful information to improve
performance in a given modality.

   CLIP Image
Encoder (frozen)

   Segmental
Speech Encoder

   CLIP Text
Encoder (frozen)

Contrastive
      Loss

Fig. 1. Overview of the proposed Segmental SpeechCLIP.

Parallel text and image data have been leveraged for learning
representations that help downstream performance in both
modalities [18], [19]. Contrastive language image pretraining
(CLIP) learns to align the parallel image and text data crawled
from the internet [19]. CLIP shows remarkable performance
in zero-shot setting for image classification and image/text
retrieval from text/images [19]. Parallel images and spoken
captions have also been leveraged to improve speech process-
ing systems [20]–[25]. These systems are commonly referred
to as visually grounded speech (VGS) systems. VGS systems
have been shown to improve speech systems performance
for speech recognition [22], word discovery [23], and speech
synthesis [24]. VGS models trained with just retrieval loss
can learn semantic [25] and word-level information, such as
boundaries [23] from speech.

Recently, there have been efforts to utilize CLIP for im-
proving the performance of VGS systems. However, most of
these systems only utilize the CLIP model’s image encoder.
WAV2CLIP [26] and the parallel variant of speechCLIP [27]
generate a single representation per utterance summarizing
the information. This global representation is then used for
classification and retrieval tasks. There are no constraints to
localize word-level information. Guidance from models trained
on text data, such as CLIP text encoder, could help extract
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semantic information from speech. For example, unsupervised
ASR systems use nonparallel text data and a pronunciation
lexicon for speech recognition in the absence of transcribed
speech data. These were some of the motivations behind the
cascaded variant of speechCLIP.

The cascaded SpeechCLIP [27] model appends K learnable
CLS tokens to the utterance to extract the most important
keywords. Vector quantization is then used to map these key-
words to CLIP’s subword embeddings. The frozen text encoder
is used on top to generate sentence embedding. A frozen
CLIP image encoder is used to extract image representations.
However, the cascaded variant has significantly lower retrieval
recall scores than the parallel variant.

In this work, we extend Segmental SpeechCLIP [28] to uti-
lize text encoders trained with multimodal data such as image-
text and unimodal data i.e. text or images. Segmental Speech-
CLIP [28] improves the keywords extraction from speech
utterances and better utilization of the text CLIP encoder. Seg-
mental SpeechCLIP uses a segmental speech encoder based on
Segmental Contrastive Predictive Coding(SCPC) [14], [15] to
extract sequences of word-like units from audio. We stack a
pretrained text encoder on top of the generating sub-words
to extract a sentence embedding. A pretrained image encoder
is used to extract image representations. The model tries
to align the semantically related images and their spoken
captions. Using the text encoder, we want to infuse semantic
information in the speech encoder. The overall architecture is
shown in Fig. 1. We show that our Segmental SpeechCLIP
significantly outperforms the cascaded variant of SpeechCLIP.
The cascaded speechCLIP model discovers a fixed number
of keywords, i.e., eight from the utterances. Our Segmental
SpeechCLIP automatically deduces the number of word-like
units in an utterance. There is no implicit constraint to enforce
the temporal structure on the discovered keywords in the
cascaded speechCLIP, whereas Segmental SpeechCLIP, by
design, discovers word-like units in temporal order. Instead of
quantization and mapping the keywords to CLIP vocabulary
embeddings, we directly learn the subword embeddings.

We experiment with adding additional constraints on the
model to map the learned embeddings to CLIP vocabulary
embeddings. We explore regularization and quantization as
constraints. Successfully mapping the untranscribed audio to
a sequence of CLIP subword tokens would felicitate unsuper-
vised speech recognition.

In the end, we move beyond CLIP, trained with parallel
image-text data as the feature extractor. We extend our seg-
mental SpeechCLIP framework to enable the utilization of
image and text encoders that are trained with only unimodal
data. Unimodal data, e.g., text or image, are much more
abundant than parallel image-text data. For example, images
with parallel text captions are a small subset of online text
and image data. This allows us to leverage models that are
trained on a much more significant amount of data than CLIP.
We also explore techniques to utilize text encoders to improve
speech systems without any parallel image data. We analyze
how much of the semantic knowledge is learned due to the
parallel images or multiple parallel spoken descriptions.

We use the SpokenCOCO dataset [24] for training and eval-

uating the proposed method. On the image-speech and speech-
image retrieval task, our model significantly outperforms the
cascaded variant of SpeechCLIP. In the end, we show compet-
itive performance on the Zerospeech 2021 semantic similarity
task [29].

The main contributions of this work are as follows:
• We show our segmental framework enables better utiliza-

tion of pretrained text encoder
• Modifications to contrastive loss to reduce the computa-

tional requirement of training audio-visual systems
• Our framework can utilize text and image encoders

trained with unimodal data only
• Extensive analysis of different hyperparameters of system
• We show it is possible to distill semantic information

from pretrained text encoders to speech encoders
• We can also leverage pretrained text encoders without

parallel image-speech data
The rest of the paper is organized as follows: First, we

present the related work in Section II. Then, we present our
proposed segmental speechCLIP in Section III. Then, the
experimental setup and results are detailed in Section IV. We
then discuss how to utilize unimodal pretrained models to
improve the performance of visually grounded speech models
in Section V. We analyze the semantic information present
in segmental speechCLIP in Section VI. We explore the
possibility of building audio-only systems in Section VII. We
conclude the chapter in Section VIII.

II. RELATED WORK

Visually grounded speech systems have become very pop-
ular in recent years. Joint image and text learning systems
popularized grounding images with language i.e. text. A lot
of the VGS systems are based on earlier works on images
and text. Another emerging trend is to utilize a pretrained
image and/or text encoder and distill knowledge into the
speech encoder. Chrupala [30] provides an extensive history
of visually grounded models including datasets, architectures,
downstream tasks, and evaluation techniques.

Synnaeve et al. [31] proposed one of the earliest joint
visually grounded models which mapped image and speech to
a common space with cosine-distance loss. Harwath et al. [32]
scaled up the joint learning approach with larger models and
larger datasets. They also modified the training objective and
introduced a contrastive margin loss. The contrastive loss
aims to increase the similarity between matching image-speech
pairs compared to the random pairs of image-speech at least
by a prespecified margin.

Earlier models relied on convolutional neural networks [32],
[33] as the speech encoders. Recent works explore different
architectures. The attention mechanism in particular has be-
come a popular choice. Chrupała et al. [34] used a gated RNN
with attention for learning speech representation. Harwath et
al. explored residual networks as the speech encoders [20],
[33] and further explored the use of vector quantized residual
networks [33] for learning discrete speech units. Peng et al.
proposed transformer-based models [21], [25].

While the initial models focused on learning both the image
and speech encoders from scratch, now model distillation
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has become standard practice where a large pretrained image
encoder is used to guide the audio model [33], [35]–[37].
Harwath et al. [20] explored the impact of pretraining the
image model on the system performance. They discovered that
pretraining the image model improves the model performance
on the downstream retrieval task. While supervised pretraining
is the most helpful, unsupervised pretraining was not far below
supervised training. Pretraining allows the model to look at a
wide variety of data and thus helps improve performance.

Recently, there have been methods that utilize large self-
supervised models trained on large amounts of unlabeled audio
data as feature extractors. Peng et al. [21], [25] utilized the
Wav2Vec2 model as the feature extractor. [27] used HuBERT
as the feature extractor. Peng et al. [25] extended the model
to use the MLM loss to utilize unlabeled audio data. Recent
models such as SpeechCLIP [27] had most of their parameters
in the frozen feature extractors such as CLIP and HuBERT and
only a small percentage (around 1-2%) of the parameters were
learned during the training.

However, the majority of these models focus on leveraging
the pretrained image and speech encoders, and the pretrained
text encoders are not utilized for training VGS systems.
Guzhov et al. [38] proposed AudioCLIP to leverage both
image and text encoders for the Environmental Sound Classi-
fication task. However, the pretraining setup requires manual
labels for the audio encoder. Zhao et al. [39] focused on
aligning audio and text for audio classification tasks by using
the vision as the pivot. They leveraged both the image and text
encoders. Cascaded SpeechCLIP [27] used an attention-based
module to downsample and learn K word-like units from the
audio. Their main goal was to learn localized word information
and distill semantic information into the speech encoder.
Segmental SpeechCLIP [28] improved the unsupervised word
process by using a segmental speech encoder. Segmental
SpeechCLIP doubles the retrieval performance and achieves
good performance of the semantic similarity task.

III. SEGMENTAL SPEECHCLIP
The CLIP model is trained with a large amount of paired

image-text data. CLIP uses two encoders for processing im-
ages and text separately and learns to align semantically
similar images and text captions. The features extracted from
CLIP transfer well to other computer vision tasks. We aim
to utilize both the text and image encoder to learn speech
representations. By cascading the output of the segmental
speech encoder with the CLIP text encoder, we aim to induce
semantic information in the speech encoder.

The main difference between our proposed method and
previously proposed approaches is the word extraction process
from the utterances. The segmental speech encoder used for
word extraction is summarized in Figure 2. For the audio
encoder, we first use frozen Wav2vec2 to extract audio frame-
level features. A trainable segmental audio encoder then ex-
tracts sub-words from the frame-level features. The frozen
CLIP text encoder generates sentence embeddings from the
sub-words. A frozen CLIP image encoder is used for extracting
image embeddings. We describe the various components of the
segmental speech encoder in detail below.

Boundary Detector

1 10 0 10 00

 

0

z9z8z7z6z5z4z3z2z1

s1 s2 s3

avg avg

Wav2Vec2.0 (frozen)

     CLIP Text 
Encoder (Frozen)

avg

Fig. 2. Overview of the Segmental speech encoder.

A. Next frame classifier

Let the sequence X = (x1, x2, ..., xT ) represent a wave-
form. We use a frozen Wav2vec2 followed by a feed-forward
network to extract frame level features Z(∈ Rp×L) =
(z1, z2, ..., zL) at low frequency. Each p-dimensional vector
zi corresponds to a 25 ms audio frame extracted with a 20
ms shift. Given frame zt, the encoder (fenc in Fig. 2) tries to
classify the next frame zt+1 correctly within a set of K + 1
representations z̃ ∈ Zt, which include zt+1 and K negative
examples, randomly sampled from the same utterance, as

LNFC = − log
exp(sim(zt, zt+1))∑
z̃∈Zt

exp(sim(zt, z̃))
(1)

where sim(x,y) = xyT

∥x∥∥y∥ denotes the cosine similarity.

B. Boundary detector

We use the boundary detector from [14], which compares
the adjacent frames and output a boundary if the similarity
between the adjacent frame falls below a threshold. The
boundary detector outputs a sequence of ones and zeros,
each one indicating if there is a boundary change at that
timestep. We generate the segment representations by feeding
the average of constituting frames in the segment through a
segment encoder, senc. We use the vectorized computation
method from [14] for a faster segment representation calcula-
tion. After the boundary detection stage the feature sequence
Z = (z1, z2, ..., zL) is segmented into disjoint contiguous
segments S = (s1, s2, ..., sM )
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C. Directly learning the CLIP sub-word representations

In the cascaded SpeechCLIP approach, the audio encoder
generates keyword embeddings. Then, argmax is used to find
the index of subword embedding in the CLIP vocabulary
closest to the keyword. The corresponding subword embedding
is used as the keyword embedding. This process uses the
argmax operator, which is non-differentiable. Straight-through
gradient estimator is used for training the model.

Here, we directly generate subword embeddings via the
segmental audio encoder. These embeddings are fed into the
text encoder bypassing the pretrained vocabulary in the CLIP
model. This way, our model can be trained without straight-
through estimators. However, this may not generate exact
embeddings from the vocabulary. We pass the segment em-
beddings S = (s1, s2, ..., sM ) through the CLIP text encoder
to generate the audio embedding, a.

D. Retrieval loss

Typically, both audio and image encoders are trained in
visually grounded models. The image embedding should be
closest to the corresponding audio embedding, and the audio
should be closest to the corresponding image embedding from
a pool of negative examples. The loss is the sum of the
two losses. Since we are not training the image encoder, we
train the audio encoder to pick the image embedding of the
paired image from a set that contains negative examples. It can
be considered a classification problem where we classify the
paired image embedding from a set with negative examples
given the audio embedding. More information on the negative
sampling process can be found in the next section. The
retrieval loss is given as:

LRET = −log
exp(akik

T /τ)∑
i′∈Ik

exp(aki
′T/τ)

(2)

where ak is the output of the CLIP text encoder, ik is the
output of the CLIP image encoder and τ is the temperature.

Our model has multiple components, and we train our model
progressively. We begin by training the frame-level encoder
for a few steps and then add the retrieval loss. The two losses
are trained together for the first epoch. For the rest of the
training, only the retrieval loss is optimized. The overall loss
of the model is given as

L =


LNFC, if step ≤ 100 & epoch = 1

LNFC + LRET, if step ≥ 100 & epoch = 1

LRET, otherwise
(3)

E. Negative sampling

Negative sampling is an important part of contrastive loss.
It helps us prevent model collapse. We make the following
two changes to the negative sampling process.

1) Disentangling batch size and negative examples: Typi-
cally, the negative samples are sampled from the batch. This,
unfortunately, ties the number of negative examples with the
batch size. To increase the number of negative examples, we
must increase the batch size, which is not always possible on
smaller GPUs.

Since we are using frozen pretrained CLIP, i.e., image
representation stays the same throughout training. We load
all the image representations in advance and sample negative
examples from them. This way, we can increase the number
of negative examples without increasing the batch size. This
is impossible when training the image encoder, as the image
representation changes after every update.

2) Hard negative mining through clustering: The quality
of the negative samples impacts the contrastive loss, and
sampling better negative examples has been an active research
direction. We want to find the closest examples for each
entry in the batch and then contrast them. Since the image
embeddings are fixed, we can find the closest examples before
training the audio encoder. Here we use a simple clustering-
based technique to sample harder negative examples.

We first cluster the image embeddings for the dataset into K
subsets and store the cluster index for each image embedding.
During training, we find the cluster index for each embedding
and sample up to 512 examples from that cluster. These form
the hard negative examples. The rest of the examples are
randomly sampled. Again this is possible because the image
embeddings do not change during training.

IV. EXPERIMENTS

A. Dataset
We use the following datasets to validate our models:
• SpokenCOCO: SpokenCOCO is a spoken version of

the MSCOCO captioning dataset [24]. Spoken captions
are collected by displaying the text captions to a person
and having them read them aloud. Each image in the
dataset is paired with five spoken captions. SpokenCOCO
contains 123k images and 742 hours of speech from
2353 speakers. Utterances, on average, are around 4
seconds long and contain 10.45 words. We follow the
SpeechCLIP [27] for train/test splits. We use a much
smaller split of validation to save time during training.

• sSIMI: sSIMI is the spoken version of 13 existing
text-based semantic similarity and relatedness tests [40].
These datasets contain word pairs and semantic similarity
scores. All scores were normalized on a 0-10 scale. All
the pairs that had a word not in the Librispeech were
discarded. One of the datasets, mturk-771, was used for
creating the dev set, and the rest 12 were used for making
the test set. There is no overlap in the dev and test set.
Each set contains two subsets of audio files: one synthetic
and one natural. To create the synthetic subset: a speech
synthesizer is used. For the natural subset: audio segments
are extracted from Librispeech utterances. The natural
subset is smaller than the synthetic subset as the pairs
containing words not in Librispeech dev and test sets
were discarded. The synthesized subset contains 9744 and
705-word pairs for the test and dev sets, respectively, and
the LibriSpeech subset contains 3753 and 309 pairs for
the test and dev sets.

B. Model architecture
In our experiments, the wav2vec2 [1] model and the CLIP

model are frozen. We use them as feature extractors. The
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TABLE I
RECALL SCORES FOR IMAGE-SPEECH RETRIEVAL ON SPOKENCOCO 5K TEST SET

Image Speech Mean

R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10

Parallel Speech CLIP 35.8 66.5 78.0 50.6 80.9 89.1 43.2 73.7 83.6
Cascaded SpeechCLIP 6.4 20.7 31.0 9.6 27.7 39.7 8 24.2 35.6

Seg. SpeechCLIP 28.2 55.3 67.5 28.5 56.1 68.9 28.4 55.7 68.2

next frame classifier is a three-layer feed-forward network
with 1024 hidden units. The segment encoder contains two
convolutional layers with 1024 filters with kernel size three,
followed by a feed-forward network with two layers with
either 512/768 hidden units for small/large CLIP models. The
segmental speech encoder contains approximately 10 million
parameters. We use Adam optimizer with a 2e-5 learning rate
and a batch size of 21. We decay the learning rate by a factor
of 0.95 every three epochs. All the experiments are conducted
on a single 11GB GPU.

C. Retrieval performance

In this section, we evaluate the segmental SpeechCLIP on
the image-speech retrieval task to measure how well we can
align speech and image embeddings. As shown in Table I
our proposed model significantly outperforms the cascaded
SpeechCLIP model. We almost doubled the performance of
cascaded SpeechCLIP. Segmental SpeechCLIP has a slightly
lower number of trainable parameters. We believe this is
due to the improved word-discovery process in segmental
SpeechCLIP.

We use Wav2vec2.0 as the feature extractor for speech,
whereas cascaded SpeechCLIP uses Hubert [41] as the feature
extractor. Another big difference is the feature extraction
process; we use the features from a single layer, i.e., layer
11 in the Wav2vec2 transformer encoder, where cascaded
SpeechCLIP learns weights to combine the transformer en-
coder’s hidden representations. A weighted combination of
layer-wise features from wav2vec2/Hubert tends to work better
than single-layer features on downstream tasks [42], [43]. We
only use features from a single layer due to GPU memory
constraints.

Our approach shows the potential for utilizing pretrained
text encoders for improving VGS systems. However, the
performance is still lower than the parallel variant of Speech-
CLIP, which extracts global representations from speech. We
hypothesize that the segmentation process and the passing of
the segmented speech through the CLIP text encoder lose
information.

D. Impact of hard mining through clustering

We proposed to use clustering for mining hard negative
examples. We explore if this change helps the learning process.
We train a system where all the negative examples are sampled
randomly and the other where clustering is used for selecting
the hard negative examples. Both cases use the same number of
negative examples. As seen from II, hard mining via clustering
helps the learning process.

TABLE II
AVERAGE RETRIEVAL ON SPOKENCOCO TEST SET. “WITH” AND

“WITHOUT” INDICATE USE/LACK OF CLUSTERING FOR HARD MINING
NEGATIVE EXAMPLES.

R@1 R@5 R@10

with 26.1 52.2 64.8
without 22.4 48.6 61.1

E. Impact of initial word boundaries

Unsupervised word segmentation has been a growing re-
search area. Recent state-of-the-art solutions utilize multi-
modal (paired speech, image) data [23]. Our segmental en-
coder segments the audio data in sub-word-like segments. We
experiment with whether using the word boundaries from an
existing word segmentation system can be useful. We use
the VG-Hubert model for extracting the initial word bound-
aries [23]. VG-Hubert achieves the best word segmentation
performance on TIMIT and Buckeye datasets. We insert the
VG-Hubert boundaries in between the boundaries generated
by the segmental speech encoder.

As seen from Table III, using word boundaries has no
or a little negative impact on retrieval performance. Either
the word boundaries do not help the retrieval task, or our
insertion process is not optimal. We plan to explore more
ways of utilizing the VG-Hubert boundaries in the segmental
SpeechCLIP model.

TABLE III
AVERAGE RETRIEVAL ON SPOKENCOCO TEST SET. “WITH” AND
“WITHOUT” INDICATE USE/LACK OF INITIAL WORD BOUNDARIES.

R@1 R@5 R@10

with 22.4 48.6 61.1
without 23.1 49.2 61.5

F. Impact of model size

The CLIP model is used as a feature extractor for images
and for extracting the final audio representations. We analyze
the Impact of CLIP model size on retrieval performance.
We use the CLIP small model (ViT-B/32) with 250 million
parameters and the large CLIP model (ViT-L/14) with 422
million parameters. The segmental speech encoders used in
the two cases are very similar. For the large CLIP model, the
SSE generates 768-dimensional representations; for the small
CLIP model, the output dimension is 512.

As evident from Table IV, the large model helps the retrieval
performance. The observation is similar to [27], where the
system with large CLIP models outperformed the one with
smaller CLIP models.
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TABLE IV
AVERAGE RETRIEVAL ON SPOKENCOCO TEST SET. SMALL/LARGE

DENOTES THE CLIP MODEL SIZE.

R@1 R@5 R@10

Small 26.1 52.2 64.8
Large 28.3 55.7 68.2

G. Enforcing proximity to CLIP vocabulary embeddings

In our approach, we bypass the vocabulary of the CLIP text
encoder and directly learn the input representations. However,
we may learn representations not belonging to the CLIP
vocabulary. We enforce that the generated embeddings should
be close, ideally the same, as those in the CLIP vocabulary. If
successful, it will allow us to transcribe audio as a sequence of
CLIP subword tokens thus effectively achieving unsupervised
ASR. We experiment with two approaches:

1) Via regularization: In this approach, we maximize
the similarity between the segment embeddings S =
(s1, s2, ..., sM ) and CLIP vocabulary embeddings, V. We first
compute the cosine similarity between the jth normalized
word embedding and the kth subword embedding (ev) from
the text encoder, e.g., CLIP as

cjk = cos(sj , ek) (4)

For an utterance with M segments, the regularizing loss is
computed as

Lreg = − 1

M

M∑
j=1

log (max
k

cjk) (5)

The final loss of the model is given as

LF = L+ λLreg (6)

Where λ is the regularization weight.

TABLE V
AVERAGE RETRIEVAL VS THE REGULARIZATION WEIGHT (λ) ON

SPOKENCOCO TEST SET.

R@1 R@5 R@10

0.0 26.1 52.2 64.8
0.1 18.1 40.7 53.8
0.5 14.0 34.6 47.5
1.0 12.2 32.5 45.5

Table V shows the effect of regularization weight on the
retrieval performance. As evident from the Table, the retrieval
performance decreases with an increase in the regularization
weight. Please note that even the regularized systems outper-
form the cascaded SpeechCLIP.

2) Vector Quantization: Here, we map the segment em-
bedding to CLIP’s embeddings via vector quantization. We
can choose the subword embedding with the highest similarity
from the text encoder vocabulary as

hhard
k = ev∗ ,where v∗ = argmax

1≤v≤V
cjk (7)

However, the argmax operator is not differentiable, so we
use a gradient straight-through estimator to train the model.

hk = hsoft
k + sg(hhard

k − hsoft
k ) (8)

Where sg denotes the stop gradient operator. In the forward
pass hhard

k is used and in the backward pass hhard
k is used.

hsoft
k can be computed as follow

hsoft
k = [e1...eV ] softmax([ck1...ckV ]

T
/τ) (9)

Where τ is the temperature.
Table VI shows the impact of using vector quantization on

retrieval performance. With vector quantization, the perfor-
mance of the system goes down. The VQ segmental speech-
CLIP still outperforms the Cascaded speechCLIP significantly.

TABLE VI
IMPACT OF QUANTIZATION ON THE AVERAGE RETRIEVAL ON

SPOKENCOCO TEST SET.

R@1 R@5 R@10

No VQ 26.1 52.2 64.8
VQ 11.8 38.6 56.6

The retrieval performance is lower than the unconstrained
system performance in both the regularization and quantization
cases. We think the segment generation process is not optimal,
and forcing the generated segment embeddings to match
CLIP embeddings further increases the optimization process’s
difficulty, resulting in lower retrieval performance.

V. UTILIZING UNIMODAL PRETRAINED MODELS

In our experiments, we utilize CLIP as the image and text
encoder. CLIP is trained on parallel image and text data, which
is less abundant than just text or image data. In this section,
we explore if we can utilize SSL models trained with only
text or image data to improve system performance.

A. Pretrained LLM as additional loss

One of the main motivations for using the CLIP text encoder
is to distill semantic information in the speech encoder. We
explore if adding an additional language model pretrained on
a large amount of text data can bring in further improvements.

We add an extra pretrained language model, RoBERTa, to
our model. RoBERTa is trained with masked language model-
ing objectives on large amounts of text data. The final architec-
ture is shown in Figure 3. We mask some segment embeddings,
and the MLM tries to predict the masked embeddings. There
might be a difference in the embedding space of the pretrained
MLM and CLIP text encoder. The segment embeddings, S,
are passed through a small feed-forward network before the
pretrained MLM. The feed-forward network tries to project the
segments into the embedding space of the pretrained MLM.
Again we directly use the embeddings as input to the model
instead of quantizing. This also opens up the possibility of
utilizing speech-only data for training the SSE. Table VIII
shows the retrieval performance with and without using the
RoBERTa model. We also experiment with adding a larger
version of the RoBERTa model. The additional MLM has
little to no improvements. There could be several factors for
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TABLE VII
RECALL SCORES FOR IMAGE-SPEECH RETRIEVAL ON SPOKENCOCO 5K TEST SET

Image encoder Text encoder Image Speech Mean

R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10

CLIP small CLIP small 25.4 51.6 63.9 26.7 52.8 65.6 26.1 52.2 64.8
CLIP small mpnet 29.5 57.3 68.9 30.3 57.3 69.6 29.9 57.3 69.3
CLIP large CLIP large 28.2 55.3 67.5 28.5 56.1 68.9 28.4 55.7 68.2
CLIP large mpnet 32.7 61.3 72.9 33.5 60.8 72.3 33.1 61.1 72.6

DINO mpnet 19.7 44.7 57.6 20.2 44.4 57.5 20.0 44.5 57.5

   CLIP Image
Encoder (frozen)

   Segmental
Speech Encoder

   CLIP Text
Encoder (frozen)

Contrastive
      Loss

RoBERTa(frozen)

MLM Loss

Feed Forward

Fig. 3. Combining the Segmental Speech encoder with pretrained large
language model

this: i) we need to optimize the MLM loss parameters such
as the masking probability or the mask span, ii) maybe there
is too much mismatch between the CLIP embedding space
to RoBERTa embedding space and a simple feed-forward
network is not enough.

TABLE VIII
AVERAGE RETRIEVAL ON SPOKENCOCO TEST SET. SMALL/LARGE

DENOTES THE CLIP/ROBERTA MODEL SIZE.

CLIP size RoBERTa size R@1 R@5 R@10

Small None 26.1 52.2 64.8
Small Small 26.0 52.2 65.1

Large None 28.3 55.7 68.2
Large Large 29.4 56.2 68.6

B. Pretrained LLM as targets
We use pretrained CLIP to distill knowledge into the speech

encoder. Pretraining CLIP still requires paired image-text data.
We want to explore if we can also distill knowledge from
text and image encoder pretrained with unimodal data. We
experiment with various image and text encoder combinations
for the retrieval task. For the text encoder, we use all-mpnet-
base-v2 [44], a mpnet [45] based sentence transformer model
from Huggingface [46] and the CLIP text encoder as the
possible options. We experiment with DINO [47] and CLIP
image encoder for the image encoder.

The all-mpnet-base-v2 model uses the pretrained mpnet
model [45] and finetunes it on the 1 Billion sentence pairs
dataset. The model is trained to predict the pairs of sentences
among randomly sampled negative sentences. DINO [47] con-
sists of teacher and student models. The student and teacher
models are presented with different views of the same image.
The student is trained to predict the output of the teacher
model. The teacher model parameters are updated with the
exponential moving average of the student weights.

Table VII shows the performance of various SSL image and
text encoders. We experiment with both small and large CLIP
models, and using the mpnet model consistently improves the
retrieval performance. The mpnet models are trained on more
text data than the CLIP model. Using DINO as the image
encoder decreases the performance. The DINO is trained on a
much smaller amount of data. The size of embeddings for
DINO is also smaller than the CLIP models. DINO uses
384-dimensional embeddings, whereas CLIP uses 512/768-
dimensional embeddings. It would be interesting to see when
the unimodal models, such as DINO, and mpnet, are trained
on the same amounts of data as the CLIP model. It will allow
us to examine whether unimodal systems can truly replace
multimodal for knowledge distillation. We cannot train any of
these models due to computational constraints and only use
them as feature extractors.

VI. SEMANTIC REPRESENTATION LEARNING

One of the motivations for utilizing the text encoder in the
pretrained CLIP was to learn semantic representations. We
use the Zerospeech 2021 challenge semantic similarity task,
sSIMI, to evaluate the representations’ quality. This task aims
to compute the similarity between representations of pairs
of words and compare it with similarity scores assigned by
human annotators. We use the sSIMI dataset for evaluating
the system performance. More details about the task and the
evaluation can be found in the challenge paper [40].

As seen in Table IX, we perform competitively with a state-
of-the-art method. However, there are a few key differences
in the methodologies. Our model has fewer parameters and
less training time than FaST-VGS+. FaST-VGS+ relies on
pretrained R-CNN to generate bounding boxes for the objects
in the image; our model does not. FaST-VGS+ can lever-
age speech-only data via a Masked language modeling task
which needs to be improved in our approach. FaST-VGS+ is
trained on SpokenCoCo and Librispeech, whereas we only use
SpokenCOCO. This might explain the lower performance on
Librispeech test data.
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TABLE IX
SEMANTIC SIMILARITY SCORES ON THE ZEROSPEECH 2021 SSIMI TASK

Budget dev test

synthetic Librispeech synthetic Librispeech

VG baseline 72 9.65 12.61 9.71 0.16
VG baseline 160 9.60 15.09 9.99 -0.10

FaST-VGS+ [25] 468 23.07 23.10 15.10 14.32
Seg. SpeechCLIP 72 28.79 16.80 19.60 15.69

Phone topline 1536 9.86 16.11 12.23 20.16

VII. WITHOUT IMAGE ENCODER

Audio-visual systems allow us to ground audio representa-
tions with visual representations. These systems learn from
the co-occurrence of concepts between the two modalities.
SpokenCOCO contains multiple spoken descriptions of the
same image. All these utterances describe the same underlying
concept, even if they use different words. We want to explore
whether it is possible to utilize pretrained text models and learn
semantic information without using the image information.

   Segmental
Speech Encoder

       Text
Encoder (frozen)

Contrastive
      Loss

   Segmental
Speech Encoder

        Text
Encoder (frozen)

Fig. 4. Distillation without image encoder. The two speech inputs are
semantically related, e.g., different descriptions of the same image.

We use a similar architecture to the audio-visual systems.
Figure 4 shows the overview of the proposed approach. The
model contains two branches; we feed two spoken descriptions
of the same image to the left and right branches. We do not
use the image and only use the audio.

The Segmental Speech encoder shares parameters across
the branches. We experiment with using mpnet as the text
encoder on both sides, mpnet on one side, and CLIP text
encoder on one side. Since mpnet and CLIP text encoder
expect different embedding dimensions, we add a small neural
network in of the branches, e.g., right in the figure to map
the output of the SSE in the required dimension. The model
is trained with contrastive loss to maximize the similarity
between semantically similar audio pairs over random audio
pairs.

A. Semantic audio retrieval task
We evaluate this system on the retrieval task similar to

before. Now instead of retrieving images from audio and

vice-versa, the objective is to retrieve the semantically similar
spoken description. We use the val/test set from the Spoken-
COCO dataset for generating the semantic pairs for evaluation.
The same utterance pairs are used across all evaluations.
We compare models trained with image-audio and audio-only
models on the semantic audio retrieval task. The number of
trainable parameters is almost the same in the two settings.
We use the SpokenCOCO dataset for training the models.

The image-audio models are trained with a large number
of negative examples, i.e., 1024. We want to match the
number of negative examples for audio-only models. Since
the audio encoders evolve during training, we can not use
the disentanglement trick to increase negative examples. Now
the number of negative examples is tied to the batch size,
and we can not increase the batch size due to computational
limitations. We try increasing the number of negative examples
by storing previous batches. We keep the sentence embed-
dings of earlier batches and use them as negative examples.
However, this does not work, and the model fails to learn
meaningful representations. We hypothesize our batch size is
too small, so we need to keep outputs from a distant past as
the negative examples, but the model has changed considerably
by then. For example, our batch size is 15, and the speech-
image system was trained with 1024 negative examples, so
to generate 1024 examples, we need to store 68 previous
batches. The model weights update after each batch, and after
68 batches, the stored negative examples might not be useful.
We train new image-audio systems with batch size and the
number of negative examples as 15.

Since both sides in the audio-only model can accept audio
input and generate features. We explore which branch is better
for generating features for downstream tasks. We experiment
with features from left, and right and the concatenation of
the two branches. We evaluate the feature on the semantic
audio retrieval task. As shown in Table X, the concatenation
of the features works almost as well as the features from the
right branch, but they are double in dimensionality. For future
evaluation, we use the features from the right branch.

Next, we compare the audio-image and audio-audio models.
As seen in Table XI, the audio-audio models perform worse on
the semantic audio retrieval task. This shows that grounding
with vision helps distill more semantic information into the
audio encoder. It also shows that not all the semantic infor-
mation comes from image-audio pairs; some comes from pairs
of spoken audio captions. It is very promising, as it opens up
the possibility of distilling semantic information into audio
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TABLE X
IMPACT OF FEATURES EXTRACTED FROM LEFT OR THE RIGHT BRANCH ON
THE SEMANTIC AUDIO RETRIEVAL TASK ON SPOKENCOCO VALIDATION

SET.

R@1 R@5 R@10

Right 16.8 38.8 50.5
Left 14.9 35.5 47.6

Concat (Right,left) 16.9 38.9 50.6

encoders without any parallel image data. The audio-only
model using mpnet text encoder on both sides outperforms
the mpnet-CLIP model. These observations are consistent with
previous observations in this paper.

TABLE XI
COMPARISON OF THE AUDIO-AUDIO VS. AUDIO-IMAGE SYSTEMS ON THE
SEMANTIC AUDIO RETRIEVAL TASK ON SPOKENCOCO VALIDATION SET.

Image enc. Text enc. R@1 R@5 R@10

Audio-image CLIP mpnet 21.4 43.5 55.4
Audio-audio None mpnet, CLIP 14.2 34.2 46.4
Audio-audio None mpnet, mpnet 17.1 38.8 50.5

VIII. CONCLUSIONS AND FUTURE WORK

Our segmental SpeechCLIP framework allows us to lever-
age pretrained text encoders for improving the VGS systems.
Our method doubles the performance of recent attempts that
utilize the pretrained text encoders. It shows the importance
of building better word discovery systems, as one of the
major differences between the two approaches was the word
discovery process. We modify the contrastive loss to disen-
tangle batch size and the number of negative examples. This
allows us to use a larger number of negative examples without
increasing the computational requirements. We also proposed a
clustering-based hard mining technique to improve the quality
of the negative examples. The improvement in the quality of
the negative improves the downstream retrieval performance.

Our experiments show that using a bigger text encoder
improves performance. Although, increasing scale by using
multiple text encoders in parallel does not increase the sys-
tem’s performance. We then extend our framework to utilize
pretrained text encoders when only speech data is available.
We show that on the semantic audio retrieval task, just using
the multiple spoken descriptions of the same image works
almost as well as using images with spoken descriptions. Our
experiments show that a pretrained text encoder allows us
to distill semantic information into the speech encoder. Our
methods outperform the existing ones on the Zerospeech 2021
semantic similarity task.

In the future, we would like to explore the application
of unsupervised ASR by mapping the unlabeled audio to
a sequence of CLIP vocabulary tokens. Currently, we used
features from a fixed layer from a pretrained feature extractor,
i.e., wav2vec2, as the input for our model. We want to explore
a weighted combination of layer-wise features from a self-
supervised model such as Hubert as input to our system. Our
models only work with image-audio or audio-audio pairs. Ex-

tending our models to utilize speech-only data would increase
the amount of training data and our framework’s applicability.
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