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Abstract
Following the remarkable success of Large Lan-
guage Models (LLMs) in NLP tasks, there is in-
creasing interest in extending their capabilities
to speech—the most common form in commu-
nication. To integrate speech into LLMs, one
promising approach is dense feature prepend-
ing (DFP) which prepends the projected speech
representations to the textual representations,
allowing end-to-end training with the speech
encoder. However, DFP typically requires con-
necting a text decoder to a speech encoder. This
raises questions about the importance of hav-
ing a sophisticated speech encoder for DFP,
and how its performance compares with a stan-
dard encoder-decoder (i.e. cross-attention) ar-
chitecture. In order to perform a controlled
architectural comparison, we train all models
from scratch, rather than using large pretrained
models, and use comparable data and parame-
ter settings, testing speech-to-text recognition
(ASR) and translation (ST) on MuST-C v1.0
and CoVoST2 datasets. We study the influ-
ence of a speech encoder in DFP. More impor-
tantly, we compare DFP and cross-attention
under a variety of configurations, such as CTC
compression, sequence-level knowledge distil-
lation, generation speed and GPU memory foot-
print on monolingual, bilingual and multilin-
gual models. Despite the prevalence of DFP
over cross-attention, our overall results do not
indicate a clear advantage of DFP.

1 Introduction

As the NLP community has witnessed the emer-
gence of Large Language Models (LLMs) and their
remarkable performance in tackling NLP tasks
(Radford et al., 2019; Touvron et al., 2023; Jiang
et al., 2023; Team et al., 2024), there is increas-
ing interest in extending their capabilities to other
modalities, such as audio (Latif et al., 2023; Chu
et al., 2023; Huang et al., 2024b) and images (Rad-
ford et al., 2021; Team, 2024), to broaden their

†These authors contributed equally to this work

applicability. One of the most natural extensions
of LLMs is represented by injecting them with
speech – the most common form through which
humans express their language (Munteanu et al.,
2013) – to exploit the LLM linguistic fluency and
skills to tackle speech-to-text (S2T) tasks, such
as automatic speech recognition (ASR) and S2T
translation (ST).

This goal has been predominantly pursued by
dense feature prepending (DFP) which adapts the
embedded speech representations to the input fea-
ture space of an LLM via a modality adapter (Wu
et al., 2023; Pan et al., 2023; Wang et al., 2023)
and prepends them to a textual prompt describing
the tasks to be performed. Existing works on DFP
mainly include a speech encoder or Speech Foun-
dation Model (SFM) to extract the speech represen-
tations (Gaido et al., 2024), such that the speech
encoder or SFM, modality adapter and low-rank
adapters of the LLM could be trained in an end-to-
end fashion (Chen et al., 2024a; Hu et al., 2024).
An alternative approach that had been initially ne-
glected but is receiving increasing attention is the
direct prepending of speech to text embeddings
without a speech encoder, i.e., decoder-only S2T
models. Works on these models have shown the
need to relax the causal attention masking typical
of autoregressive decoders for the speech features
so that they can freely look at each other without be-
ing constrained to focus only on previous elements
(Wu et al., 2023; Gupta et al., 2024).

We refer to the DFP solution based on a speech
encoder or SFM as decoder-prepend which, in
contrast to decoder-only, could be considered as
an encoder-decoder model and, in this context,
the effect of causality property1 via causal mask-
ing has not been thoroughly investigated. More

1It refers to prohibiting a token from accessing successive
tokens in the sequence, both at training and inference time,
and is typically achieved through a diagonal masking matrix
in the self-attention computation of Transformer decoders.

ar
X

iv
:2

50
1.

02
37

0v
1 

 [
cs

.C
L

] 
 4

 J
an

 2
02

5



importantly, on the basis of the analogy with
encoder-decoder models, its performance over
cross-attention in the traditional encoder-decoder
architecture (Ao et al., 2021; Radford et al., 2023;
Barrault et al., 2023) has been recently contested
(Chen et al., 2024c; Żelasko et al., 2024). On the
other hand, Gupta et al. (2024) has shown that DFP
without a speech encoder, i.e., decoder-only, could
be on par or even suppress cross-attention based
encoder-decoder model on ASR task.

We note that a thorough comparison of these ar-
chitectural choices is missing, so to fill this gap,
we carry out an extensive comparison of cross-
attention and DFP, including decoder-prepend and
decoder-only, by training from scratch on models
with size appropriate to the two publicly available
datasets: MuST-C v1.0 (Di Gangi et al., 2019a)
and CoVoST2 (Wang et al., 2021). Our compar-
ison extends to commonly used S2T techniques,
such as CTC compression (Liu et al., 2020; Gaido
et al., 2021) for acoustic sequence length reduction
and sequence-level knowledge distillation (seqKD)
(Kim and Rush, 2016). Despite their usefulness,
their effectiveness on cross-attention and DFP un-
der comparable conditions has not been studied.
Our experiments use controlled data conditions to
ensure a fair comparison of the methods and cover
monolingual, bilingual and multilingual settings,
as well as multiple datasets and tasks, leading to
the following findings, which we believe can in-
form future research on integrating dense speech
features into LLM:

• Overall, there is no clear indication that DFP
is strictly better in quality than cross-attention
on either ASR or ST. Cross-attention is more
efficient in terms of generation speed and
GPU memory footprint.

• Given the same speech encoder, DFP lever-
ages CTC compression better than cross-
attention in both ASR and ST results.

• Given similar model size, DFP using a speech
encoder presents stronger results than decoder-
only over a variety of settings, including ASR,
ST, generation speed and GPU memory foot-
print.

• The inclusion of a speech encoder affects
the causality behaviour of DFP models. Ap-
plying causal masking on the speech inputs
hurts both the ASR and ST performances of

decoder-only. In contrast, DFP with a speech
encoder slightly benefits from masking.

2 Relevant Work for S2T

2.1 (Cross-) Attention-based encoder-decoder

The cross-attention based encoder-decoder has
been one of the major research directions for S2T
(Chan et al., 2015; Bérard et al., 2016; Weiss et al.,
2017; Bansal et al., 2017; Fang et al., 2022; Tsia-
mas et al., 2024). In addition to its end-to-end
(E2E) properties, e.g., simpler pipeline over the
traditional methods and E2E optimisation, cross-
attention allows full attention on the sequences,
making it more attractive than CTC (Graves et al.,
2006) and Transducer in learning sequences of
switching word order, such as machine translation
(MT) (Sperber and Paulik, 2020; Li et al., 2022).

2.2 DFP: modelling S2T with decoder-only
language models

With the tremendous success of decoder-only lan-
guage models (LM) for modelling text, there have
been explorations of using them for modelling
S2T, such that the speech (source) embeddings are
passed to the decoder via prepending to the target
text embeddings rather than using cross-attention.
However, unlike text modelling, not all DFP meth-
ods for S2T are decoder-only.

decoder-only S2T. We refer to decoder-only S2T
as a model that could have a length adapter for
the speech inputs, but not a speech encoder, before
prepending. These works include Wu et al. (2023)
that is trained on in-house ST data and Gupta et al.
(2024) for ASR. In contrast, our decoder-only mod-
els are all trained on publicly available data and
evaluated over a wide range of settings.

decoder-prepend S2T. When the projected
speech embeddings are fed directly from a speech
encoder or SFM, we call the model decoder-
prepend rather tha decoder-only to highlight its
reliance on a speech encoder. There have been
more works on this line, including ASR (Lakomkin
et al., 2024; Hono et al., 2024; Fathullah et al.,
2024; Tsunoo et al., 2024, 2023), ST (Huang et al.,
2024a; Chen et al., 2024a) and multi-tasks (Chen
et al., 2024c; Żelasko et al., 2024; Chen et al.,
2024b). Despite their valuable comparisons, their
experiments are based on large pretrained mod-
els and lack transparency and comparability. In
contrast, we remove such dependency, so that the



comparison between cross-attention and prepend-
ing is clearer. In addition, we evaluate these models
over a more comprehensive setting.

3 Methods

3.1 Encoder-Decoder with Cross Attention

Transformer-based architectures (Vaswani, 2017)
are encoder-decoder sequence-to-sequence mod-
els, where the encoder maps the input sequence
X = [x1, ..., xn] into an internal representation or
encoder output (Figure 1a), which are then pro-
cessed by the decoder to generate the output se-
quence Y = [y1, ..., ym]. Both encoder and de-
coder are composed of a stack of Transformer-
based layers that exploit dot-product attention A
(Chan et al., 2016) as the core mechanism, which
is formulated as:

A(Q,K, V ) = softmax

(
QKT

√
dk

)
V

where Q is the query matrix, K is the key matrix,
V is the value matrix, and dk is the dimension of K.
In the encoder, the Q, K, and V matrices are all ob-
tained from the input sequence X, and A is called
self-attention (As). In the decoder, apart from the
self-attention, there is another attention mechanism
called cross-attention (Ac) that links the encoder
with the decoder representations. In this case, the
Q matrix is obtained from the previous decoder
layer (or from the previously generated output Y,
in the case of the first decoder layer) while K and
V from the encoder output. The resulting output of
the encoder-decoder model can be expressed as:

Output = EncDec(As(X), Ac(X,Y))

In the context of speech processing, the input se-
quence X is an audio segment that is usually down-
sampled by a factor of 4 with a stack of Convolu-
tional layers before feeding it to the stack of en-
coder layers (Bérard et al., 2018; Di Gangi et al.,
2019b). The downsampling serves to map the input
representation into a shorter sequence suitable for
processing, as audio is about 10 times longer than
the corresponding text sequence.

3.2 Decoder-only and Decoder-prepend

In the decoder-only architecture (Brown, 2020)
for speech-to-text processing (Chen et al., 2023),
the input audio sequence X is not processed by
an encoder but its downsampled representation is

directly fed into the decoder after being concate-
nated2 with the previously emitted tokens Y (Fig-
ure 1b). The output of the decoder-only model can
be expressed as:

Output = DecOnly(As(concat(X,Y))) (1)

In this case, the cross-attention is dropped and self-
attention is applied to both the input audio sequence
X and the previous tokens Y. A variant of the
decoder-only architecture is the decoder-prepend
(Figure 1c), which exploits the representation ob-
tained from a speech encoder, as in the encoder-
decoder models equipped with cross-attention, but
processes it as in the decoder-only model, i.e., by
concatenating the encoder output with previous
tokens and only applying self-attention. Another
notable difference to decoder-only is that, the audio
frames in decoder-prepend can attend to each other
in the encoder before concatenation (prepending).

3.3 Audio Causal Masking

During training of encoder-decoder models, the
target tokens in the decoder are causally masked to
prevent them from looking at future information.
The causal masking can be represented as a mask
matrix M :

Mij =

{
1 if i ≥ j

0 if i < j

that is applied to a generic matrix G to make
sure that each element i can only attend to itself
and elements before it (i.e., j ≤ i), obtaining
causal_mask = M ⊙G, where ⊙ is the element-
wise multiplication.

In standard settings, causal masking is also ap-
plied in the decoder-only models, where both pre-
vious tokens Y and the input audio representa-
tion X are masked. Therefore, the self-attention
mechanism in Equation 1 is applied to the masked
sequence causal_mask(concat(X,Y)) (Figure
1b and 1c). Recent works (Wu et al., 2023)
propose an alternative solution for causal mask-
ing, where only the previous tokens are masked
while the input sequence is completely accessi-
ble. In this case, As in Equation 1 is applied to
concat(X, causal_mask(Y)), making the behav-
ior of DFP models more similar to encoder-decoder
models with cross-attention.

2We use prepending and concatenation interchangeably.
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Figure 1: Representation of the architectures analyzed in the paper. Both (a) and (c) are based on encoder-decoder
architecture but (a) uses cross-attention, whereas (c) uses DFP. Secondly, both (b) and (c) uses DFP, but (c) contains
a speech encoder, making it not decoder-only. The causal masking is optional.

Line Model #Params (M)
CoVoST2 MuST-C

ca/de/es/fr (↓) ca/de/es/fr-en (↑) en (↓) en-es en-de en-x (↑)

1 cross-attention TF 71.2 - 98.8 23.7 25.6 12.1 26.9 22.0 25.1
2 decoder-prepend TF 64.9 - 92.5 24.7†4 24.6†4 12.4 26.9 21.1† 24.6†4

3 decoder-only 18L "" 26.1†4 24.6†4 13.2† 27.4† 21.9 25.3†1

4 cross-attention CF-CTC 111 - 153 19.6 29.7 10.4 29.9 25.2 28.6
4.1 (+) compr "" 21.8‡4 28.5‡4 10.3 30.2 25.5 28.1‡5

5 decoder-prepend CF-CTC 105 - 147 19.9 29.7 10.3 30.2 25.4 28.3‡2

5.1. (+) compr "" 19.9 29.7 10.4 30.7‡ 25.9‡ 28.0‡5

6 decoder-only 32L 109 - 137 24.3‡4 25.3‡4 13.2‡ 27.2‡ 22.2‡ 26.8‡8

Table 1: Comparison between cross-attention, decoder-only and decoder-prepend using transformer (TF) and
conformer (CF) encoders. CTC compression is denoted by "compr". For multilingual models, we report the average
over their target languages, i.e., top-4 high resourced pairs for CoVoST2 and the 8 target languages for MuST-C (the
"en-x" column). We evaluate ASR and ST with WER (↓) and BLEU (↑), respectively. †(N) and ‡(N) refer to the
number (N) of language pairs that are significantly different with p < 0.05 to line (1) and line (4), respectively.

4 Experimental Settings

4.1 Data

MuST-C data set is derived from TED talks with
English audios transcribed and translated into 8
languages. We trained ASR models using its En-
glish transcripts while for ST we also used all 8
target languages, namely Dutch (nl), French (fr),
German (de), Italian (it), Portuguese (pt), Roma-
nian (ro), Russian (ru) and Spanish (es). More
specifically, we trained two bilingual ST models
translating English speech into Spanish and Ger-
man texts respectively, and a single multilingual
ST model translating into all 8 target languages.

One limitation of MuST-C is that its speech data
is English only. In order to compare the models on
non-English speech, we run further experiments on
the x-en language directions of the CoVoST2 data.
There are 21 non-English languages, e.g., Catalan
(ca) and Chinese (zh) for the speech inputs. A
complete list of supported languages can be found

in (Wang et al., 2021). For each model architecture,
we trained a single multilingual ASR3 model and
a multilingual ST model with transcripts of the 21
non-English languages and the English translations
as target inputs, respectively.

Audio processing. We extract log Mel-filterbank
features of size 80 computed every 10ms with
a window size of 25ms. The resulting spectro-
grams are normalized using Utterance-level Cep-
stral Mean and Variance Normalization (CMVN).
During training, we also apply SpecAugment (Park
et al., 2019) with frequency and temporal masks of
size 27 and 100 respectively.

Text processing. The text is tokenized with un-
igram models trained using SentencePiece (Kudo
and Richardson, 2018). On CoVoST2, the vocabu-
lary size for ASR and ST is 32k and 5k respectively.
On MuST-C, the vocabulary size is 5k for ASR, 8k
for bilingual ST, and 32k for multilingual ST.

3English ASR data was excluded from training.



4.2 Model architecture

For our experiments, we use both Transformer and
Conformer (Gulati et al., 2020) architectures, the
latter being an improved version of Transformer
for speech achieving state-of-the-art results. All
models in our experiments have 18 layers that are
distributed between the encoder-decoder (12 layers
for the encoder and 6 layers for the decoder) or the
decoder, except in decoderonly32L which contains
32 layers to match its number of parameters to the
Conformer models. The embedding layer and the
feed-forwad layers have dimensions of 512 and
2048, respectively across all the models, and the
number of attention heads is set to 8. Encoder
dropout is set as 0.1 for feed-forward, attention, and
convolution layers. Also, in the convolution layer
of the Conformer, the kernel size of the point- and
depth-wise convolutions is set to 31. The smallest
model has about 64.9M parameters, whereas the
largest one has 153M parameters.

In the experiments with CTC loss, a linear layer
having the vocabulary size is added after the 8th

encoder layer. The softmax function is applied to
this layer and then the CTC loss is computed with a
weight of 0.5. When CTC compression is applied,
vectors having the same predictions are merged by
averaging them, following Gaido et al. (2021).

We use Fairseq (Ott et al., 2019; Wang et al.,
2020) for all the experiments. When using the Con-
former encoder, we adopt the implementation from
(Papi et al., 2024) which fixes the padding bugs in
the convolution layers and the relative positional
encoding.

4.3 Training and Evaluation

Training. In all experimental settings, we use
the Adam optimizer for training. The learning rate
follows a Noam scheduler with a maximum value
of 2×10−3 and a linear warmup of 25k steps, after
which it follows an inverse square root decay.

On MuST-C, all models are trained with a total
batch size of 320k audio frames for at most 100k
steps along with an early stopping strategy with
patience of 10. For the multilingual ST models,
we further prepend a language tag to the transla-
tions corresponding to the target language. On
CoVoST2, all (multilingual) ASR and ST models
are trained with a total batch size of 256k frames
for 60k steps. On both datasets, all ST encoders
are initialized by the corresponding ASR encoders.
In case of decoder-only, we use the correspond-

ing decoder-only ASR model for initialization, but
both the embedding and output layer are randomly
initialized. Experiments are ran on 4 Nvidia A100-
40GB GPUs for about 2 days. The final model is
obtained by averaging the last 5 checkpoints.

Evaluation. We use beam search for inference
with beam size of 5 and no-repeat-ngram-size of 5,
performed on one Nvidia A100-40GB GPU with a
batch size of 80k frames. ASR models are evalu-
ated by computing word error rate (WER), whereas
we use sacreBLEU4 (Post, 2018) to compute BLEU
scores for the ST models. We provide statistical
significance tests to major comparisons using boot-
strap resampling (Koehn, 2004) for ASR and ap-
proximate randomization (Riezler and Maxwell,
2005) for ST.

5 Results

In this section, we conduct a series of experiments
to examine cross-attention and DFP from a variety
of angles under comparable data and model size
conditions. To begin with, we first discuss the ASR
and ST results between cross-attention, decoder-
only and decoder-prepend using transformer and
conformer architectures. Then, we present their
results under the effect of audio sequence com-
pression via CTC and seqKD. In addition, we ana-
lyze their difference in terms of generation speed
and GPU memory footprint. Finally, we present
an ablation study about the causality masking of
decoder-only and decoder-prepend.

5.1 Cross-attention, decoder-only and
decoder-prepend

We present the reported results on Table 1. In addi-
tion, we compute p-values between each configura-
tion against the cross-attention baseline of similar
model size.

Transformer encoder. Compared to both DFP
methods, cross-attention on average has stronger
ASR and ST results. On the CoVoST2 dataset, its
improvement on multilingual ASR and ST could
reach 2.4 WER (line 1 vs line 3) and 1 BLEU point,
respectively. On the MuST-C dataset, it is still
better than decoder-prepend (line 2) and all settings
of decoder-only (line 3), except ST on the en-es and
en-x directions. These differences are significantly
different for at least one language pair with p < 0.05.

4nrefs:1|case:mixed|eff:no|tok:13a|smooth:exp|version:2.4.2



Figure 2: Comparison between cross-attention and decoder-prepend using sequence-level knowledge distillation
(seqKD) for ST on MuST-C (en-de). "TF", "CF-CTC" and "CF-compr" refer to transformer encoder, conformer
encoder with auxiliary CTC loss and conformer with CTC compression, respectively.

Despite its slightly stronger ST results, decoder-
only falls behind to decoder-prepend on ASR (line
3 vs line 2), which WER is 1.4 and 0.8 points lower
on CoVoST2 and MuST-C, respectively. The mixed
results on MuST-C, especially on ST, indicate the
importance of having several test sets, modelling
choices and tasks for evaluation.

Conformer with auxiliary CTC. Since the con-
former encoder is known to be better than trans-
former at capturing the local features of the speech
inputs, and larger in size, we conducted another
evaluation using it. Additionally, we apply auxil-
iary CTC loss on the transcripts during training.

On the same table, we can observe that both
cross-attention (line 4) and decoder-prepend (line
5) have similar ASR and ST results. On CoVoST2,
both models have the same 29.7 BLEU points on
multilingual ST, whereas cross-attention has a tiny
advantage of 0.3 WER on ASR. On MuST-C ASR,
on the contrary, decoder-prepend has an WER of
0.1 point lower. In terms of ST, decoder-prepend
can be up to 0.3 BLEU points higher, but it is
also 0.3 BLEU points lower in the multilingual
case. None of these differences are statistically
significant with p < 0.05.

Regarding decoder-only, we scale its number of
layers from 18 to 32 to match the conformer size.
Such scaling up improves its overall performance
substantially, resulting in a maximum improvement
of 1.8 WER for ASR and 0.7 BLEU points for ST
(line 3 vs line 6). In spite of this, it is roughly
2 points worse than the conformer models in all
evaluation settings.

The above results show that decoder-prepend

could be on par with cross-attention, but not neces-
sarily better. Such on par situation remains when
applying auxiliary CTC loss to the conformer en-
coder. Furthermore, our results clearly show that
a properly designed speech encoder, such as the
conformer, substantially improves the performance
over a plain decoder-only model of similar size
for both ASR and ST. Because of its competitive
performance, we further compare decoder-prepend
with cross-attention in the following sections.

5.2 Effect of audio sequence compression

Despite their similar qualities in auxiliary CTC
loss training (lines 4-5), the behaviours between
cross-attention and decoder-prepend are more com-
plicated when CTC compression is applied. On the
CoVoST2 dataset, compression on cross-attention
(line 4.1) causes a degradation of 2.2 points in WER
and 1.2 points in BLEU (with p < 0.05), whereas
it does not cause harm to decoder-prepend (line
5.1). On the MuST-C dataset, both cross-attention
and decoder-prepend get better on bilingual ST
and worse on multilingual ST after applying com-
pression, while remaining stable for ASR. Despite
the similar pattern, the improvements in decoder-
prepend are slightly bigger, while its degradations
are smaller. Thus, overall decoder-prepend better
leverages CTC compression.

Our results indicate that applying CTC compres-
sion to decoder-prepend is better than to cross-
attention, but it is not straightforward to claim that
decoder-prepend is better. Cross-attention with
CTC (line 4) and decoder-prepend with compres-
sion (line 5.1) have almost identical results on CoV-



oST2, whereas, on MuST-C, cross-attention is 0.6
BLEU points better in multilingual ST despite be-
ing 0.8 BLEU points worse on bilingual ST.

5.3 Effect of seqKD
SeqKD helps to reduce the translation data com-
plexity by making the target sentence more mono-
tonically aligned to its source sentence (Zhou et al.,
2019). This makes seqKD not only useful for im-
proving non-autoregressive translation but also end-
to-end ST (Inaguma et al., 2021), which has an
additional challenge brought by the modality gap.
Despite its usefulness, there is a lack of studies
about applying seqKD on ST models using DFP.
In the following, we fill the gap with experiments
on the MuST-C en-de language direction, where
cross-lingual alignment is more complicated, to
demonstrate better the effect of the seqKD data.
We employ NLLB (3.3B) (Costa-jussà et al., 2022)
to machine translate the English transcripts in the
training set into German as our seqKD data.

Figure 2 presents the results on cross-attention
and decoder-prepend5. For each model configura-
tion, we train once using the original data, denoted
by "Original", and once using the combined data,
denoted by "Original+seqKD". As we can observe,
training on the combined data brings a substantial
gain of more than 2 BLEU points ("+seqKD") in
all configurations. This indicates that seqKD also
works effectively on decoder-prepend.

Despite the remarkable gain, there are no clear
indications of whether cross-attention or decoder-
prepend benefits more from seqKD data. In fact,
in the case of Transformer, decoder-prepend gets
a higher BLEU improvement (4.18 vs 3.44) with
respect to cross-attention. However, in the case of
conformer, we observe different behaviours: the
gain for decoder-prepend is higher only when CTC
compression is applied. In terms of their best
BLEU scores, both cross-attention and decoder-
prepend are very similar: cross-attention using
Transformer is 0.22 BLEU points higher than
decoder-prepend, whereas the conformer results
show the opposite: decoder-prepend with compres-
sion is 0.13 BLEU points slightly better than cross-
attention (28.15 vs 28.02).

5.4 Generation speed and memory footprint
In addition to ASR and ST performances, we eval-
uate our models in terms of generation speed and

5We exclude decoder-only since decoder-prepend has been
shown better ASR and ST qualities than decoder-only.

Model #Params
Ratio

speed ↑ memory ↓

cross-attention TF 98.8M 1 1
decoder-prepend TF 92.5M 0.96 1.59
decoder-only 18L "" 0.83 3.01

cross-attention CF-CTC 139M 0.97 2.16
(+) compr "" 0.98 1.88

decoder-prepend CF-CTC 133M 0.94 3.11
(+) compr "" 0.96 2.50

decoder-only 32L 136M 0.70 5

Table 2: A comparison between cross-attention and DFP
in terms of model parameters, relative generation speed
(tokens/s) and relative GPU memory footprint.

GPU memory footprint. For each metric, we com-
pute the average over the 8 language pairs using
the multilingual ST on MuST-C, which has longer
inputs and covers diverse languages, so that its av-
erage is more robust. We report the relative value
using cross-attention with Transformer encoder as
the baseline, resulting in a value of one to both its
generation speed and memory footprint. The batch
size and GPU settings follow section 4.3, except
that only one GPU is used.

Table 2 presents the results of this compari-
son. Compared to cross-attention, decoder-prepend
has fewer parameters, i.e., 98.8M vs 92.5M, but
is 4% slower. If we allocate all encoder param-
eters to the decoder, i.e., decoder-only(18L),
the resulting model is even 17% slower than
cross-attention, while requiring about three times
as much GPU memory. Similar patterns could
be found in conformer with CTC, where cross-
attention is a bit faster and less memory de-
manding than its decoder-prepend despite having
6M more parameters. Again, decoder-only, i.e.,
decoder-only(32L), appears to be the worst. It
has only 70% generation speed and requires 5 times
as much GPU memory footprint to the baseline. It
is worth noting that cross-attention CF-CTC
still remains faster and more memory efficient than
decoder-only(18L) despite having 43% more pa-
rameters. As expected, CTC compression (compr)
makes the generation faster and reduces the GPU
memory footprint. The improvement to cross-
attention and decoder-prepend in speed is about
1% and 2%, respectively, whereas it is respectively
about 13% and 19% in memory footprint. Decoder-
prepend has a bigger improvement, but its overall
performance is still behind that of cross-attention.

Despite the removal of the cross-attention lay-



Model #Parameters
CoVoST2 MuST-C

ca/de/es/fr (↓) ca/de/es/fr-en (↑) en (↓) en-es en-de en-x (↑)

decoder-prepend TF 64.9M - 92.5M 24.7 24.6 12.4 26.9 21.1 24.6
(-) causal mask "" 24.6 24.9 13.2† 25.8† 20.8 16.5†8

decoder-only 18L "" 26.1 24.6 13.2 27.4 21.9 25.3
(+) causal mask "" 28.7†4 22.2†4 13.9† 26.0† 20.1† 24.2†8

decoder-prepend CF-CTC 105M - 147M 19.9 29.7 10.3 30.2 25.4 28.3
(-) causal mask "" 20.1 29.9 10.6 30.2 25.3 28.3
(+) compr "" 19.9 29.7 10.4 30.7 25.9 28.0

(-) causal mask "" 19.9 29.7 10.4 30.7 25.5 28.1
decoder-only 32L 109M - 137M 24.3 25.3 13.2 27.2 22.2 26.8

(+) causal mask "" 26.6†4 23.3†4 14.4† 26.0† 20.2† 25.5†8

Table 3: Causality masking in decoder-only and decoder-prepend. †(N) refers to the number (N) of language pairs
that are significantly different with p < 0.05 to its baseline. Other acronyms follow Table 1.

ers, our study reveals that DFP is still worse in
terms of generation speed and memory footprint.
The quadratic time and memory complexity of self-
attention in sequence length is a more severe issue
for DFP when considering speech inputs.

5.5 Causality masking in decoder-only and
decoder-prepend

In previous sections, we presented each DFP con-
figuration using its optimal causal masking strategy:
1) causal masking is not applied on decoder-only,
whereas 2) it is applied on decoder-prepend. In the
following, we provide an ablation study of causal
masking, which is summarised in Table 3. The
significance tests are computed between the pairs
with and without causal masking.

As we can observe, decoder-only (both 18L and
32L) performs worse on all experimental settings
when causal masking is applied. On CoVoST2, the
performance degrades by at least 2 points, whereas
the degradation can be up to 2.4 points on MuST-
C. This indicates the importance of allowing the
speech frames to attend each other in decoder-only
models. Our finding fits with the conclusion drawn
by Gupta et al. (2024) for ASR, and we further
confirm it for ST.

Do the above results also hold when there is a
speech encoder? When causal masking is removed
from decoder-prepend (decoder-prepend TF), we
observe a performance degradation of 1.2 WER and
up to 0.9 BLEU points on MuST-C ASR and bilin-
gual ST, respectively. What is even worse is the
degradation of 8.16 BLEU points on multilingual
ST. On the CoVoST2 dataset, however, removal of

6The degradation is similar when the experiment is re-
peated with another random seed.

causal masking causes tiny improvement to both
ASR and ST. In the case of conformer encoder,
there are almost no performance changes on the
CoVoST2 dataset when causal masking is removed,
but a small degradation of 0.4 BLEU points (25.9
→ 25.5) on the MuST-C en-de direction when CTC
compression is also applied.

Our results suggest two interesting observations.
Firstly, the behaviours of DFP models are quite dif-
ferent under causal masking, depending on whether
a speech encoder is used. We hypothesise that
the non-adversarial effect of causal masking on
decoder-prepend is attributed to the self-attention
within the speech encoder, which allows full atten-
tion within the speech frames. Secondly, apply-
ing causal masking on decoder-prepend is likely
to help improving model performance on longer
speech inputs, such as the MuST-C dataset.

6 Conclusion

In this paper, we aim to validate the modelling
choice of using DFP (decoder-only and decoder-
prepend) over cross-attention for integrating speech
into decoder-only LLMs, especially S2T. In order
to perform a controlled comparison under limited
computational budget, we train all models from
scratch without using large pretrained models. Our
series of comparisons, including mono/bi/multi-
lingual settings, indicate that DFP is not strictly bet-
ter in ASR and ST qualities than cross-attention but
that the latter is indeed more efficient in terms of
generation speed and GPU memory footprint. Our
studies further suggest that: (1) decoder-prepend
with a strong speech encoder is more efficient than
decoder-only of similar size, and (2) a variety of
test sets, language pairs (and directions) as well as



tasks, e.g., bi/multi-lingual ST models, are needed
to validate the effective scope of a S2T technique,
such as causal masking.

7 Limitations

We note the limitations of our experiments. Firstly,
our study is based on a single scale point, i.e., with-
out covering a wide range of model parameters, so
that the conclusion might change with scale. Sec-
ondly, LLMs have slightly different modelling op-
tions than our settings, such as having instructions
between the speech inputs and the target texts as
well as using rotary positional encoding rather than
absolute. Given the limited computational budget,
we could not include exhaustive comparisons, but
our studies have confirmed existing findings and
brought it to wider scopes.
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