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ABSTRACT

End-to-end models have shown superior performance for automatic

speech recognition (ASR) [1–4]. However, such models are of-

ten very large in size and thus challenging to deploy on resource-

constrained edge devices. While quantisation can reduce model sizes

[5–7], it can lead to increased word error rates (WERs). Although

improved quantisation methods were proposed to address the issue

of performance degradation [8–13], the fact that quantised models

deployed on edge devices often target only on a small group of users

is under-explored. To this end, we propose personalisation for quan-

tised models (P4Q), a novel strategy that uses speaker adaptation

(SA) to improve quantised end-to-end ASR models by fitting them

to the characteristics of the target speakers.

In this paper, we study the P4Q strategy based on Whisper and

Conformer attention-based encoder-decoder (AED) end-to-end ASR

models, which leverages a 4-bit block-wise NormalFloat4 (NF4) ap-

proach [14] for quantisation and the low-rank adaptation (LoRA) ap-

proach [15] for SA. Experimental results on the LibriSpeech and the

TED-LIUM 3 corpora show that, with a 7-time reduction in model

size and 1% extra speaker-specific parameters, 15.1% and 23.3%

relative WER reductions were achieved on quantised Whisper and

Conformer AED models respectively, comparing to the full preci-

sion models.

1. METHODOLOGY

The P4Q strategy consists of 3 stages: First, block-wise NF4 quanti-

sation is applied to the model’s primary weights; then LoRA starting

from a random initialisation is pretrained using data from a large set

of speakers; at last, SA is applied to the test-time speaker.

1.1. k-bit NormalFloat Quantisation

NF4 quantisation equalises the number of values in each bin by de-

termining the quantile of the input matrices through the empirical cu-

mulative normal distribution. Parameters in a weight matrix are nor-

malised to fit the range of the bins by dividing the maximum abso-

lute value of the matrix. The NF4 quantisation is grounded in the fact

that the parameters of a weight matrix generally conform to a normal

distribution [14]. To mitigate the effect of outliers in weight matri-

ces on maximum absolute value normalisation, block-wise quanti-

sation divides these matrices into blocks. Each block is quantised

with its own normalisation factor, confining outliers to their respec-

tive blocks. This method enables more fine-grained quantisation by

using individual normalisation factors for each block, and results in

a smaller quantisation error hence leading to a better performance.
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1.2. LoRA for Speaker Adaptation

In situations with limited speaker data, full fine-tuning can lead to

over-fitting, whereas LoRA can alleviate this issue. For the pre-

trained ASR model with weight matrix W0 ∈ R
d×k, its update

is expressed through the following equation, where B ∈ R
d×r and

A ∈ R
r×k, with the rank r ≪ min(d, k).

W0 +∆W = W0 +BA (1)

Here we propose a LoRA pretraining approach that uses the data of

some existing target domain speakers to estimate common initialisa-

tion values for the LoRA weights of all test-time speakers.

2. EXPERIMENTS

With full NF4 quantisation, the sizes of Whisper and Conformer

models were reduced by 7.25 times (from 277.8M to 38.3M) and

6.85 times (130.9M to 19.1M), and their %WERs increased from

10.02 to 11.22 and 12.43 to 12.77 respectively. Table 1 shows that

compared to the baseline, Whisper-LoRA-pretrain-NF4 achieved a

relative WER reduction of 24.2% on LibriSpeech-SA and 12.8%

on TL3-SA (TED-LIUM 3) sets, showing large improvements over

Whisper-FFT-NF4. The same experiments were also performed for

Conformer as in Table 2. The Conformer-LoRA-pretrain-NF4 model

achieved a WER reduction of 25.3% compared to the baseline.

Table 1. %WERs using quantised Whisper: -baseline means w/ NF4

w/o SA; -FFT is full fine-tuning; -scratch is initialising LoRA weight

randomly; -pretrain is full P4Q with LoRA pretraining.

System LibriSpeech-SA TL3-SA

Whisper-baseline 11.22 7.71

Whisper-FFT-FP32 9.59 6.85

Whisper-FFT-NF4 10.51 7.19

Whisper-LoRA-scratch-NF4 9.67 6.95

Whisper-LoRA-pretrain-NF4 8.51 6.72

Table 2. %WERs of Conformer AED: -baseline means w/ NF4 w/o

SA. FFT, LoRA; scratch and pretrain are the same as in Table 1.

System Librispeech-SA

Conformer-baseline 12.77

Conformer-FFT-FP32 10.43

Conformer-FFT-NF4 11.99

Conformer-LoRA-scratch-NF4 10.25

Conformer-LoRA-pretrain-NF4 9.54
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