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Abstract—Recent works have shown that prompting large lan-
guage models with audio encodings can unlock speech recognition
capabilities. However, existing techniques do not scale efficiently,
especially while handling long form streaming audio inputs —
not only do they extrapolate poorly beyond the audio length seen
during training, but they are also computationally inefficient due
to the quadratic cost of attention.

In this work, we introduce SpeechLLM-XL, a linear scaling
decoder-only model for streaming speech recognition. We process
audios in configurable chunks using limited attention window for
reduced computation, and the text tokens for each audio chunk
are generated auto-regressively until an EOS is predicted. During
training, the transcript is segmented into chunks, using a CTC
forced alignment estimated from encoder output. SpeechLLM-
XL with 1.28 seconds chunk size achieves 2.7%/6.7% WER on
LibriSpeech test clean/other, and it shows no quality degradation
on long form utterances 10x longer than the training utterances.

Index Terms—Large language models, Speech recognition,
Linear scaling.

I. INTRODUCTION

Recent studies have shown that a decoder-only large lan-
guage model (LLM) pretrained on a large amount of text
corpus can be adapted to understand multi-modal input (e.g.
image and audio) by simply prompting the LLM with embed-
dings of the corresponding modality [1]–[5]. Specifically for
automatic speech recognition (ASR), it has been established
that a LLM can be finetuned to generate transcription when
prompted with speech input [6]–[8]. In short, an audio encoder
converts the input audio into a sequence of encodings, then the
LLM auto-regressively predict all transcript tokens conditioned
on the audio sequence. This class of methods have achieved
state-of-the-art (SoTA) accuracy on ASR benchmarks, and will
be denoted as SpeechLLMs in the following discussion.

Despite their success, a practical limitation of SpeechLLMs
is that they are unsuitable for processing long form utterances.
First, SpeechLLMs have limited length extrapolation abilities,
i.e., their performance significantly degrades when the audio
length goes beyond the maximum audio length during training.
This is because SpeechLLMs are trained to predict an EOS
to terminate decoding after all transcript tokens are generated,
and they tend to terminate early when an utterance’s transcript
is longer than all the utterances the models have seen during
training. We will discuss this in detail in section IV-D. Second,
even if we increase the length of training utterances to improve
the accuracy on long form audios, a computational challenge
is that per-token inference cost scales linearly with the audio
length due to decoder LLM attention, and the overall inference

cost scales quadratically with length. Finally, deploying an
ASR model to production system typically has a low latency
requirement. Since SpeechLLMs are non-streaming models
that generate all transcript at once after an entire utterance has
been received, the user perceived latency on long utterances
would be much higher than short utterances. This problem is
further worsen by the quadratic-scaling inference cost.

In this work, we tackle these challenges on long form ASR
with SpeechLLM-XL (extra long), which is a streaming model
that scales linearly with audio length. Our model consists of
an audio encoder and a LLM decoder, and its key mechanism
is audio chunking. The input audio is segmented into static-
length chunks, which implies each chunk could have a variable
number of transcript tokens. After, the input audio is processed
chunk-by-chunk. In particular, the encoding of the kth audio
chunk is used to prompt the LLM decoder, which auto-
regressively generate transcript tokens until an EOS is pre-
dicted; later, when the LLM is prompted with (k+1)th audio
chunk, the previous audio chunks and decoded tokens are used
as the LLM context. We introduce two hyper-parameters to
trade off accuracy verses latency and computation, 1) audio
chunk size controls the model latency, 2) LLM context size
controls the computational cost of the attention operations. We
will discuss those tradeoffs in detail in sections IV-A and IV-B.

SpeechLLM-XL is trained on paired audio/text data, and
we use the audio/text alignment to segment the text transcript.
When the reference alignment is not available, we add an
auxiliary CTC loss to the audio encoder and use a CTC forced
aligner [9] to align the encoder output and transcript. We will
analyze the quality of CTC forced alignment in section IV-C.

We conduct a throughout empirical study using LibriSpeech
dataset, which shows SpeechLLM-XL successfully addresses
all three aforementioned challenges on long form utterances.
First, to demonstrate its length extrapolation ability, we use a
SpeechLLM-XL model trained on regular LibriSpeech training
data to decode a concatenated version of test-clean/other
utterances. As discuss in section IV-D, no quality degradation
is observed on the concatenated long form utterances. Second,
to demonstrate its efficiency, we show in section IV-B that the
attention window of the LLM decoder in SpeechLLM-XL can
be aggressively reduced without hurting model accuracy. Thus
using a small static LLM context would reduce the overall
inference cost from quadratic to linear in audio length, and
enables efficient inference for long form utterances. Finally, to
demonstrate its streaming capability, we show in section IV-A
that a SpeechLLM-XL model with a small chunk size of 1.28
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Fig. 1: Overview of the proposed model. (A) SpeechLLM-XL consists of an audio encoder, a LLM decoder, and a text embedding layer.
The audio sequence is processed in static-length chunks, and the resulting audio encodings (denoted as alphabet) are interleaved with text
embedding (denoted as numbers) according to audio-text alignment, and the entire sequence is fed into the LLM. The model is trained
for next-token-prediction to generate text tokens for each chunk, plus an EOS token $ indicating the end-of-chunk. (B) We use a limited
attention window in the LLM decoder to reduce computation. In this plot, the audio/text encodings in each chunk only attend to previous one
chunk besides the current chunk (i.e. token 4 would attend to {a, b, c, d, 1, e, f, g, h, 2, 3, 4}). (C) During training, the audio-text alignment
is computed using a CTC forced aligner to align audio encodings and text tokens.

seconds gives comparable accuracy with the non-streaming
SpeechLLM. We also compare our model with other streaming
baselines with similar latency in section V, and SpeechLLM-
XL compares favorably against the existing methods.

II. BACKGROUND ON SPEECHLLM

Given an input utterance X = (x1, . . . ,xT ) where xt ∈
Rd denotes Log-Mel audio features, the goal is to predict the
transcription y = (y1, . . . , yU ) where yu ∈ V denotes a text
token. SpeechLLM estimates the conditional distribution of
the transcription y given the audio X:

P (y|X) ≈ Pθ(y|X) =

U∏
u=1

Pθ(yu|y1:u−1,X) · Pθ($|y,X)

where $ denotes the EOS token and Pθ is parametrized with
a neural network. For simplicity, we set yU+1 = $ to extend
the transcript ỹ = (y1, . . . , yU , $) and rewrite:

Pθ(y|X) = Pθ(ỹ|X) =

U+1∏
u=1

Pθ(yu|y1:u−1,X)

During training, given a collection of paired audio/text data
{(X(n),y(n))}Nn=1, the neural network is trained to maximize
the conditional probability of the entire training set:

θ = argmax
θ

N∏
n=1

Pθ(ỹ
(n)|X(n))

= argmin
θ

− 1

N

N∑
n=1

U+1∑
u=1

logPθ(y
(n)
u |y(n)1:u−1,X

(n))

which is to minimize the averaged cross-entropy loss across
all tokens including EOS. During inference, given an input X,
the extended transcript ỹ is generated auto-regressively using
beam search, and EOS is removed for the final transcript y.

III. SPEECHLLM-XL

Given an audio/text pair X,y, we segment X into chunks
(X1 . . .Xk . . .XK) with chunk size c. Assuming the audio/-
text alignment is known, we further segment y and define:

ỹ = (ỹ1, . . . , ỹk, . . . ỹK) = (y1, $, . . . ,yk, $, . . . ,yK , $)

where yk denotes the text in the kth chunk. Then, we write
the conditional probability of the entire sequence as:

Pθ(ỹ|X) =

K∏
k=1

Pθ(ỹk|Xk, {ỹ1:k−1,X1:k−1})

Note the probability of predicting ỹk given the current chunk
Xk depends on audio and transcripts of the previous chunks
{ỹ1:k−1,X1:k−1}. To explicitly model this dependency, when
computing LLM decoder self-attention on tokens representing
the current chunk k, we attend to the cached attention values
of the previous b chunks; the total size of the LLM attention
window is b× c. The entire architecture of our model is illus-
trated in fig. 1A. In order to reduce the attention computation
on long form utterances, we typically choose a small value b to
limit the LLM context. For example, the model in fig. 1B use
LLM context b = 1, which only covers the previous chunk,
plus the current chunk. We will study the impact of chunk size
and LLM context size on accuracy in sections IV-A and IV-B.

So far, we have assumed the availability of ground truth
alignment between audio and text. When the alignment is not
available, we use CTC forced alignment between audio encod-
ing and text tokens to determine the token end time, as shown
in fig. 1C. Empirically, we found the CTC forced alignment
is a good approximation and SpeechLLM-XL trained with
CTC forced alignment gives similar accuracy as the reference
alignment. We will discuss the CTC forced alignment quality
and its impact on overall model accuracy section IV-C.

During inference, our beam search decoding algorithm is
similar to the alignment-synchronous search for neural trans-
ducers [10], meaning in each decoding step, all hypotheses in
the beam have the same number of tokens including the EOS.

IV. EXPERIMENTS

We benchmark our model performance and conduct ablation
studies on the LibriSpeech dataset [11], which consists of
960h training data sourced from English audio-books. Audio
features are 80 mel-spaced log filter-bank channels with a
sliding window of 25ms at 10ms frame shift. A time reduction
layer stacks features with a stride of 4, and the resulting 320-
dimensional vectors form the input to the encoder.

Since the focus of this paper is on the SpeechLLM-XL
architecture and its hyper-parameters, we keep the encoder,



decoder and output vocabulary size constant across all exper-
iments. The audio encoder is a 20-layer streaming Emformer
with 240ms of lookahead, 8 self-attention heads, embedding
dimension 512, FFN dimension 2048, followed by a linear
projection with dimension 768, totaling 107M parameters. The
decoder is a 12-layer LLM downsized from Llama2, with 12
self-attention heads, embedding dimension 768, FFN dimen-
sion 2048, totaling 92M parameters. The output vocabulary
is 4096 unigram SentencePieces estimated from the training
transcripts, plus the CTC blank symbol. The segment size of
the Emformer encoder is the same as the audio segment size
of SpeechLLM-XL. The encoder is pretrained with CTC loss
on LibriSpeech training data, and the decoder is pretrained
on the transcript text corpus. After, the encoder and decoder
is combined and SpeechLLM-XL is trained on LibriSpeech
training data with cross-entropy loss, plus a CTC auxiliary loss
with weight 0.5. We use a CTC forced aligner to estimate the
audio/text alignment unless described otherwise. We conduct
a series of ablation studies on SpeechLLM-XL and denote the
resulting models as 1 − 10 . All models are trained with an
Adam optimizer with a tri-stage learning rate schedule and a
peak learning rate of 1×10−4. For each run, we select the best
checkpoint based on the dev-clean WER, and we report the
final WER on both dev-clean/other and test-clean/other.

A. Chunk Size

We vary audio chunk size to explore the trade-off between
latency and accuracy. We fix the LLM context to 5.12s and
consider a range of audio chunk size options from 2.56s to
0.32s, and we also include a non-streaming SpeechLLM1 as a
baseline for comparison. The results are summarized in table I.

First, compared with the non-streaming SpeechLLM, the
streaming model 1 with 2.56s chunk size gives better WER
on dev/test-clean. Looking into the WER breakdown on the
dev-clean dataset, we find that SpeechLLM performs much
worse on long utterances and the majorities of the mistakes
are deletion errors. In particular, on the 50 longest utterances
in dev-clean, SpeechLLM gives a total WER of 16.4 and
deletion rate of 13.9, while 1 gives a total WER of 2.2
and deletion rate of 0.1. This confirms our hypothesis that
SpeechLLM-XL is suitable for long utterances. We will further
compare the length extrapolation abilities of SpeechLLM-XL
against SpeechLLM in section IV-D.

Second, as we decrease the chunk size, WER increase on
all evaluation datasets. This is expected since reducing chunk
size reduces the model latency. We find a chunk size of 1.28s
gives a good trade-off between latency and accuracy, and we
will use this chunk size for the remaining of the paper.

B. LLM Context

Next, we study how the LLM context impact model quality.
We fix the audio chunk size to 1.28s and consider a range of

1Following [6], the SpeechLLM baseline uses a non-streaming Conformer
encoder consists of a convolutional frontend with stride 4 followed by 24
Conformer layer, totaling 110M parameters. It uses the same 92M parameters
LLM decoder as SpeechLLM-XL.

TABLE I: The effect of SpeechLLM-XL audio chunk size on model
quality, where both the audio chunk size and LLM context size are
measured in seconds. As the audio chunk size is reduced, the model
latency is reduced at the cost of higher WER. The non-streaming
SpeechLLM is included as a baseline.

Model LLM
context

Chunk
size

dev test
clean other clean other

SpeechLLM – ∞ 2.9 5.4 3.4 5.5
1

5.12s

2.56s 2.4 6.8 2.5 6.5
2 1.28s 2.5 6.9 2.7 6.7
3 0.64s 2.7 7.3 2.9 7.4
4 0.32s 3.0 7.9 3.1 7.8

TABLE II: The effect of LLM left context size on WER. There is
little degradation in accuracy as we reduce the LLM context from ∞
to 1.28s, until we completely removed all the previous chunks from
the LLM context.

Model LLM
context

Chunk
size

dev test
clean other clean other

5 ∞

1.28s

2.6 6.8 2.7 6.7
2 5.12s 2.5 6.9 2.7 6.7
6 2.56s 2.5 6.9 2.7 6.8
7 1.28s 2.5 6.8 2.7 6.8
8 0 2.7 7.4 3.0 7.2

LLM left context from ∞ (full context) to 0 (no context). The
results are summarized in table II. First, we did not observe a
considerable quality degradation as we reduce decoder context
from ∞ to 1.28s. This indicates SpeechLLM-XL works well
with a small LLM context, thus the inference cost can be
reduced from quadratic to linear in audio length without im-
pacting accuracy. However, when we fully remove all previous
audio chunks from LLM context, we observe a notable quality
degradation from 7 to 8 . This indicates a small LLM context
is still necessary and naively segment the audio and decode
each chunk separately does not work as well.

C. CTC Forced Alignment

So far, we have used CTC forced alignment during train-
ing without examining alignment quality. To this end, we
compare the CTC forced alignment from the audio encoder
verses the reference alignment from a chenone hybrid acoustic
model [12]. We measure the CTC forced alignment quality by
the averaged alignment delay and alignment delta measured
on LibriSpeech dev-clean/other. The alignment delay is
defined as the token end time difference averaged across
all tokens 1

U

∑U
u=1 t(yu) − t̂(yu), where t(yu) and t̂(yu) is

the token end time for yu from CTC alignment and hybrid
alignment, respectively. The alignment delta is defined as the
token end time absolute difference 1

U

∑U
u=1|t(yu)− t̂(yu)|. To

understand the impact of alignment quality on ASR accuracy,
we also replicated 2 using the reference hybrid alignment for
text segmentation. The results are summarized in table III.

The token end time from CTC forced alignment is on-
averaged 52ms ahead of the reference hybrid alignment, as
indicated by the negative alignment delay. Overall, the CTC



TABLE III: The quality of CTC forced alignment compared against
the reference hybrid alignment. The CTC alignment is on-averaged
52ms ahead of the hybrid alignment, as indicated by the negative
alignment delay. The SpeechLLM-XL model trained with reference
hybrid alignment slightly out-performs CTC forced alignment.

Model Align.
Align.
delay

Align.
delta

dev test
clean other clean other

2 CTC -52ms 63ms 2.5 6.9 2.7 6.7
9 hybrid – – 2.4 6.7 2.7 6.5

TABLE IV: The length extrapolation ability of SpeechLLM and
SpeechLLM-XL, both of which are trained on regular LibriSpeech
utterances. SpeechLLM significantly degrade when tested on concate-
nated utterances that are 2x of the training length. SpeechLLM-XL
extrapolates to 10x of the training length with no quality degradation.

Model
test (1x) test (2x) test (10x)

clean other clean other clean other
SpeechLLM 3.4 5.5 15.8 15.1 80.6 80.0

2 2.7 6.7 2.7 6.6 2.7 6.5

alignment and the hybird alignment is very close, with an
alignment delta of 63ms. In terms of downstream ASR model
quality, the SpeechLLM-XL model trained with CTC align-
ment slightly under-performs the model trained with hybrid
alignment, likely due to the negative emission delay.

D. Length Extrapolation

One major advantage of SpeechLLM-XL over the baseline
SpeechLLM is its length extrapolation ability. To demonstrate
this advantage, we conduct a length extrapolation experiment
by repeating (and concatenating) each test-clean/other ut-
terances multiple times. We test the concatenated utterances
on the SpeechLLM baseline and SpeechLLM-XL 2 , and we
summarize the results in table IV. Unsurprisingly, SpeechLLM
fails to extrapolate beyond the audio length the original model
was trained on. The WER more than tripled on concatenated
test-clean/other utterances 2x longer than the utterances
seen during training. In contrast, SpeechLLM-XL extrapolates
perfectly beyond the training length, even yielding a slightly
lower WER on 2x/10x concatenated test-other utterances.

The length extrapolation ability is important for production
deployment because 1) it allows the ASR model to be more
robust to edge case input, 2) it allows training on segmented
short utterances for better batching and training efficiency,
while still maintaining model quality on long form utterances.

V. ADDITIONAL BASELINES AND RELATED WORKS

We compare SpeechLLM-XL with some additional base-
lines2. The results are summarized3 in table V.

First, we consider some classic baselines. LAS with Spec-
Augment [14] is widely used non-streaming baseline without

2Pushing for SoTA WER on LibriSpeech often requires self-supervised pre-
training, pseudo labeling, or LM shallow fusion, and is not the purpose of
this work, therefore we do not consider baselines with those modeling tricks.

3The LAS model is estimated to be over 270M parameters [13]. Chunked
AED did not specify model size. ReaLLM considers on two model size 82M
and 7B, we present the numbers on their 82M model, which has a lower WER.
CTC-prompt-LM is perhaps the smallest, with a total of 52M parameters.

TABLE V: SpeechLLM-XL is competitive when compared to other
streaming ASR models with similar latency and training recipe.

Model Look
ahead

Chunk
size

dev test
clean other clean other

LAS – – – – 2.8 6.8
CTC 0.24s 1.28s 3.4 8.7 3.6 8.8

Transducer 0.24s 1.28s 2.9 7.6 3.0 7.7
SpeechLLM-XL 0.24s 1.28s 2.5 6.9 2.7 6.7
Chunked AED 0.30s 1.20s – 6.7 – 6.7

ReaLLM 0.96s 1.92s 2.7 7.6 3.0 7.4
CTC-prompt-LM 0.64s 0.64s – – 3.2 7.9

additional training tricks, where the encoder is a BiLSTM and
decoder is a RNN. SpeechLLM-XL out-performs this model
despite being streaming and smaller-in-size. For the streaming
baselines, we trained a CTC model and a Transducer model.
The CTC model is an Emformer with the same look ahead
and chunk size as the SpeechLLM-XL encoder, but with 28
layers and hidden dimension 768, totaling 246M parameters;
the Transducer model further adds a predictor-joiner network
on top, totalling 256M parameters. SpeechLLM-XL performs
notably better than both the CTC and the Transducer models.

Second, many cross-attention based encoder-decoder (AED)
models were proposed for streaming ASR [15]–[21]. Chunked
AED [21] is the most recent and also most relevant to our
work, and it explores a similar chunking idea for long form
ASR. SpeechLLM-XL gives a similar WER when compared
against Chunked AED under a similar decoder chunk size and
encoder look ahead. The main difference is that SpeechLLM-
XL uses self-attention based decoder-only model architecture,
which makes it easier to integrate with a pretrained LLM.

Finally, although there has been a lot of works on using
decoder-only LLMs for speech-processing [6]–[8], [22]–[27]
and efficient streaming LLMs [28]–[34], leveraging decoder-
only models for streaming ASR is an under-explored area.
One recent work is ReaLLM [13], where each encoder output
frame is used to prompt the LLM to generate its transcript
(possibly empty), followed by a blank symbol. ReaLLM scales
quadratically with audio length, and it adds one additional
blank prediction per frame during inference. To reduce the
attention computation and the number of blank predictions, the
authors use a large encoder stride of 24 in their experiments.
SpeechLLM-XL performs notably better than ReaLLM, de-
spite using a smaller encoder look ahead and decoder chunk
size. Another relevant work is [35], which uses blank-filtered
CTC encoder frames from each chunk to prompt the LM
(therefore denoted as CTC-prompt-LM). In contrast to our
work, they find CTC forced alignment works poorly on their
model, and they instead use random prefix prompt for model
training. Most importantly, rather than having the decoder to
output an EOS to move to next chunk, they use a joint CTC
and decoder score fusion beam search to determine the end of
chunk. As such, the max decoding length for each chunk is
upper-bounded by the CTC predictions. SpeechLLM-XL out-
performs CTC-prompt-LM by a considerable margin.
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