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Abstract—Data-intensive fine-tuning of speech foundation models
(SFMs) to scarce and diverse dysarthric and elderly speech leads to data
bias and poor generalization to unseen speakers. This paper proposes
novel structured speaker-deficiency adaptation approaches for SSL pre-
trained SFMs on such data. Speaker and speech deficiency invariant
SFMs were constructed in their supervised adaptive fine-tuning stage
to reduce undue bias to training data speakers, and serves as a more
neutral and robust starting point for test time unsupervised adaptation.
Speech variability attributed to speaker identity and speech impairment
severity, or aging induced neurocognitive decline, are modelled using
separate adapters that can be combined together to model any seen or
unseen speaker. Experiments on the UASpeech dysarthric and Dementia-
Bank Pitt elderly speech corpora suggest structured speaker-deficiency
adaptation of HuBERT and Wav2vec2-conformer models consistently
outperforms baseline SFMs using either: a) no adapters; b) global
adapters shared among all speakers; or c) single attribute adapters
modelling speaker or deficiency labels alone by statistically significant
WER reductions up to 3.01% and 1.50% absolute (10.86% and 6.94%
relative) on the two tasks respectively. The lowest published WER of
19.45% (49.34% on very low intelligibility, 33.17% on unseen words) is
obtained on the UASpeech test set of 16 dysarthric speakers.

Index Terms—Foundation Model, Speaker Adaptation, Dysarthric
Speech, Elderly Speech

I. INTRODUCTION

Despite the rapid progress of ASR technologies targeting normal
and healthy users, their application to those suffering from speech
disorders remains a challenging task to date [1]–[8]. Neurocognitive
disorders, such as Alzheimer’s disease (AD), are often found among
older adults and manifest themselves in speech and language defi-
ciency such as weakened neuro-motor control in speech production
and imprecise articulation [9], [10]. ASR-based assistive technology
plays a vital role in not only improving their quality of life and social
inclusion, but also facilitating large-scale automatic early diagnosis
of neurocognitive impairment and preventive care [4], [11]–[14].

Elderly and dysarthric speech bring challenges on all fronts to cur-
rent deep learning based ASR technologies predominantly targeting
non-aged, healthy adult users: 1) large mismatch between such data
and non-aged, healthy adult voices; 2) data scarcity [3], [15]; and
3) data diversity including accent or gender, and speech deficiency
brought by: 1) speech disorders such as dysarthria; and 2) aging
induced neurocognitive decline [16], [17]. For example, dysarthric
speakers of very low speech intelligibility exhibit more discriminative
patterns of articulatory imprecision, decreased volume and clarity,
changes in pitch, increased dysfluencies and slower speaking rate,
while those diagonalized with mid or high speech intelligibility are
closer to normal speakers. Such diversity among dysarthric or elderly
speakers hinders not only speaker-independent ASR system training
or fine-tuning on such data, but also their fine-grained personalization
to individual users’ voices. This issue is even more challenging when
fine-tuning self-supervised learning (SSL) speech foundation models
(SFMs) [18]–[20] that contain a large number of parameters.

Recently, test time training [21], [22] has been successfully applied
to large language models (LLMs) adaptation tasks. Such techniques
are closely related to the test time unsupervised speaker adaptation
techniques that were widely employed across generations of ASR
systems [23]–[26] including both hybrid and end-to-end (E2E) mod-
els [3], [27]. However, their application to foundation models for
ASR tasks remains under explored to date.

Data-intensive supervised fine-tuning of speech foundation models
to the highly scarce dysarthric and elderly speech training data rapidly
leads to data bias and poor generalization to unseen speakers. In
order to perform effective test time unsupervised adaptation of SSL
models to arbitrary unseen speakers, it is vital to first construct a
more speaker and speech deficiency invariant SSL model during their
supervised fine-tuning stage to reduce the undue bias to training data
speakers, and serves as a more neutral and robust starting point for
test time unsupervised adaptation, akin to the use of well-established
speaker adaptive training (SAT) [3], [23], [24], [26], [28] approaches.
Furthermore, SAT based supervised fine-tuning of SSL models using
highly diverse dysarthric and elderly speech data of varying degrees
of speech disorder severity and speaker level attributes, such gender
and age [3], [5], [27] requires their multifaceted sources of variability
to be modelled using separate adapters in a structured manner.

To this end, novel structured speaker-deficiency adaptation ap-
proaches are proposed in this paper for SSL pre-trained speech
foundation models. Speaker and speech deficiency invariant SFMs
were constructed in their supervised adaptive fine-tuning stage (i.e.,
system training) to reduce undue bias to training data speakers, and
serves as a more neutral and robust starting point for test time unsu-
pervised adaptation. Speech variability attributed to speaker identity
and speech impairment severity, or aging induced neurocognitive
decline, are modelled using separate adapters that can be combined
together to model any seen or unseen speaker.

Experiments on the benchmark UASpeech [29] dysarthric and
DementiaBank Pitt [30] elderly speech corpora suggest structured
speaker-deficiency adaptation of large HuBERT [20] and Wav2vec2-
conformer [18] models consistently outperforms baseline SFMs using
either: a) no adapters; b) global adapters shared among all speakers;
or c) single attribute adapters modelling speaker or deficiency labels
alone by statistically significant WER reductions up to 3.01% and
1.50% absolute (10.86% and 6.94% relative) on the two tasks
respectively. The lowest published WERs of 19.45% (49.34% on
very low intelligibility, 33.17% on unseen words) and 17.45% are
obtained after applying the proposed structured speaker-deficiency
adaptation approach on a stronger baseline SFM [15], [31] obtained
using cross-system multi-pass rescoring.

The main contributions of the paper are summarized below:
1) To the best of our knowledge, this paper presents the first work to
apply test time unsupervised adaptation to SFMs for dysarthric and
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Fig. 1. Examples of SSL pre-trained SFM (grey box, sub-figure (a)) adaptation
using either speaker identity alone via c) speaker-dependent LHUC, or d)
structured speaker-deficiency adapters. The adapter can be inserted either 1)
after the CNN encoder (sub-figure (a)); or 2) in a specific transformer block
(sub-figure (b)).“LN”, “MHSA”, “DP” and “FF” are layernorm, multi-head
self-attention, dropout and feedforward modules..

elderly speech recognition. In contrast, previous researches utilizing
test time unsupervised adaptation were conducted on hybrid and end-
to-end (E2E) ASR systems [3], [27], while speaker adaptation on SSL
SFM was performed in a supervised manner [32].
2) This paper presents the first work to apply supervised adaptive fine-
tuning on SFMs to produce a more neutral and robust starting point
for test time unsupervised adaptation. In contrast, previous studies on
this approach were conducted on hybrid and E2E ASR systems [3],
[5], [27].
3) This paper pioneers novel structured speaker-deficiency adaptation
approaches for SFMs. In contrast, prior researches in this direction
significantly differ from this work by either: a) using speaker identity
alone in in-domain data trained non-SSL based ASR systems [3], [5],
[27], [33]–[35], or SSL foundation model adaptation [32]; or b) using
speaker-deficiency information when adapting non-SSL, traditional
hybrid TDNNs [36].
4) The best performing structured speaker-deficiency adapted Hu-
BERT produces the lowest published WER of 19.45% (49.34% on
very low intelligibility, 33.17% on unseen words) on the benchmark
UASpeech test set.

II. SSL PRE-TRAINED ASR MODELS

Speech SSL models such as Wav2vec2.0 [18], HuBERT [20], and
WavLM [19] share similar Transformer backbones with supervised
models. For example, Wav2vec2.0 consists of three components,
including 1) a multi-layer CNN-based feature encoder; 2) an L-layers
transformer-based context network; and 3) a quantization module.
In this paper, we fine-tune the pre-trained Wav2vec2.0 model and
HuBERT model with a pure CTC decoder.

III. ADAPTER BASED TEST TIME UNSUPERVISED ADAPTATION

1. Adapter Architecture: LHUC/HUB adapters provide parameter-
efficient and compact representations of the variability among
dysarthric or elderly speakers [3], [25], [27], [37]. The key idea of
LHUC adaptation is to use a speaker-dependent (SD) scaling vector to
modify the amplitudes of activation outputs. Let rl,s denotes the SD
parameters for speaker s in the l-th hidden layer, the hidden outputs
adapted to the speaker s is given as hl,s = ξ(rl,s) ⊙ hl. where
hl ∈ Rm is the hidden outputs of l-th layer, ⊙ denotes the Hadamard
product operation, and ξ(·) is the element-wise 2 × Sigmoid(·)
function. An example of incorporating LHUC into SSL pre-trained
SFMs is shown in Fig. 1(c). HUB adaptation is similar to LHUC.
Speaker-adapted hidden outputs can be given by hl,s = rl,s + hl.
Residual Adapter Blocks (RAB) have been developed as a general
parameter-efficient technique for pre-trained model fine-tuning [32],

[38]–[40]. Let f(·;Θl,s) denote the residual adapter function for
speaker s in the l-th layer, the adapted hidden outputs conditioned
on the speaker are expressed by

hl,s = f(hl;Θl,s) + hl, (1)

f(hl;Θl,s) = LN(DP(P u
l,sζ(P

d
l,sh

l))) (2)

where Θl,s is the learnable SD parameters in the residual adapter.
An RAB consists of a down-linear projection P d

l,s ∈ Rk×m, a GeLU
activation function ζ(·), an up-linear projection P u

l,s ∈ Rm×k, a
dropout operation DP(·) and a layer-norm operation LN(·).
Structured speaker-deficiency RAB can separately model the rich
sources of heterogeneity attributed to speaker identity and speech
deficiency labels. As shown in Fig. 1(d), the final adapted hidden
outputs are given by

hl,sd = f(hl;Θl,sd) + hl,hl,sd,s = f(hl,sd;Θl,s) + hl,sd (3)

where Θl,sd denotes the speech deficiency conditioned adapter
parameters for speakers labelled with a particular speech deficiency
“sd” in the l-th hidden layer.
2. Adapter Labels: To investigate adaptation labels at different
fine-grained levels, several adapter labels are used during test time
unsupervised adaptation, including a) global level label, i.e., all
speakers are classified into one category; b) speech impairment
severity, or aging induced neurocognitive decline (speech deficiency)
labels; c) speaker labels; and d) structured speaker-deficiency labels.
3. Adapter Supervision and Estimation: The overall procedure
of test time unsupervised adaptation of foundation models using
structured speaker-deficiency adapters is shown in Fig. 2(iii). Let
Dsd,s = {Xsd,s,Y sd,s} denote the data set for speaker s whose
speech deficiency label is sd, where Xsd,s and Y sd,s are the
waveform and the corresponding supervision token sequences, re-
spectively. Test time unsupervised adaptation is performed to speaker
data initially without any speech transcription or speech deficiency
labels provided. The speech deficiency labels of test data speakers
are automatically predicted using the well-trained spectro-temporal
embedding features based neural network classifiers [5], [36]. The
hypothesis supervision Ŷ sd,s for adaptation is generated by initially
decoding the test data using the baseline SSL foundation model fine-
tuned to all the in-domain training data (Fig. 2(ii)). The parameters
of speech deficiency conditioned adapter Θ̂sd, and speaker identity
dependent adapters, Θ̂s, are estimated in turn using the CTC loss,

{Θ̂sd} = argmin
{Θsd}

{LCTC(Dsd;Θsd)} (4)

{Θ̂s} = argmin
{Θs}

{LCTC(Dsd,s; Θ̂sd,Θs)} (5)

where Dsd is the union of all the dysarthric or elderly speakers’ data
that are labelled with a speech deficiency level of “sd”, and Dsd,s is
the s speaker’s data labelled with a speech deficiency level of “sd”.

IV. STRUCTURED SFM ADAPTATION

A. Structured SFM Supervised Adaptive Fine-tuning

Adaptive training (AT) [23], [24] is a well-established family of
techniques that model heterogeneity in natural speech. By represent-
ing factors of speech variability, e.g. speaker identity, using separate
parameters based on, e.g. MLLR, CMLLR, LHUC transforms or
adapters, AT produces canonical models independent of both speaker
identity and speech deficiency during the supervised training stage,
which serves as a more neutral and robust starting point than
standard non-AT models for test time unsupervised adaptation. Their
effectiveness has been widely demonstrated across generations of
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Fig. 2. Examples of i) adaptive training using structured speaker-deficiency
adapters; ii) baseline fine-tuning; and iii) test time unsupervised adaptation
using structured speaker-deficiency adapters. During adaptive training and test
time adaptation, the parameters of the speech deficiency conditioned adapter
and the speaker identity dependent adapter are estimated in turn in two stages.

ASR systems from HMM, hybrid DNN to end-to-end systems [23]–
[25], [28]. In our paper, the proposed form of structured speaker-
deficiency supervised adaptive fine-tuning (AFT), akin to the use
of well-established adaptive training, enhances the speaker and speech
deficiency invariance of SFMs.

The adapter architectures used during structured SFM super-
vised adaptive fine-tuning are also LHUC/HUB, RAB and struc-
tured speaker-deficiency RAB, while the adapter labels encompass
speech deficiency labels, speaker level labels, and structured speaker-
deficiency labels. The overall procedure of structured SFM supervised
adaptive fine-tuning using speaker-deficiency adapters is shown in
Fig. 2 (i). The supervision of supervised adaptive fine-tuning are
ground truth speech transcript, and the speech deficiency and speaker
identity conditioned adapters are optimized in turn and tightly inte-
grated with the backbone foundation model parameters fine-tuned to
multi-speaker in-domain training data.

B. Test Time Unsupervised Adaptation on AFT Model

The adapter architectures, adapter labels, and adapter super-
vision are identical to those described in Sec. III. After structured
supervised AFT, the canonical foundation model is independent of
both speaker identity and speech deficiency, providing a more neutral
and robust starting point compared to standard non-AFT models.

V. EXPERIMENTS

A. Task Description

The UASpeech corpus [29] is the largest publicly available
dysarthric speech corpus consisting of 16 dysarthric and 13 control
speakers, and contains 155 common words and 300 uncommon
words. The entire corpus is further divided into 3 subset blocks per
speaker. The same set of 155 common words is used in all three
blocks, while the uncommon words in each block differ. The data

TABLE I
PERFORMANCE OF HUBERT SYSTEMS WITHOUT OR WITH STRUCTURED

SPEAKER (SPK.) DEFICIENCY (DEFI.) ADAPTATION ON UASPEECH. LHUC
OR RAB ARE INSERTED AT DIFFERENT LAYER POSITIONS (POS.), WHERE
“0” STANDS FOR BEING AFTER THE CNN ENCODER (AS SHOWN IN FIG

1(A)), WHILE OTHER NUMBERS DENOTE A POSITION IN THE x-TH
TRANSFORMER BLOCK (AS SHOWN IN FIG 1(B)). “VL/L/M/H” REFERS TO

INTELLIGIBILITY SUBGROUPS. “PARAM.” IS THE NUMBER OF ADAPTER
PARAMETERS. “STRU.”, “ADA. ARC.” AND “SUP.” STAND FOR

“STRUCTURED”, “ADAPTER ARCHITECTURE” AND “SUPERVISION”.

sys. Adaptive Training & Test Time Adapt. WER (%) Ada.
Param.

(spk.+defi.)
Ada.
Arc.

Ada.
Pos.

Ada.
Label Sup. unseen seen VL L M H O.A.

1 ✗ ✗ ✗

GT
(for

adaptive
training);

ASR
outputs

of Sys. 1
(for

test time
adaptation)

50.06 13.30 59.47 33.62 22.22 6.34 27.71 ✗
2

LHUC

0

spk.

47.91 13.31 60.02 31.36 20.98 5.96 26.88

0.016M

3 2 48.61 13.29 59.89 32.17 21.43 5.93 27.14
4 7 49.23 13.41 60.18 32.56 22.00 6.07 27.46
5 12 48.90 13.29 59.61 32.40 21.71 6.12 27.25
6 18 48.88 13.64 60.32 32.69 21.51 6.17 27.46
7 HUB 0 48.78 13.10 59.25 32.52 21.22 6.04 27.09
8

RAB
0 45.43 13.16 58.97 29.98 17.73 6.40 25.81

8M9 2 44.75 12.46 57.90 29.02 18.24 5.46 25.12
10 12 46.88 12.80 58.11 31.45 19.63 5.75 26.17
11 LHUC 0

defi.
48.35 13.29 59.63 31.94 21.41 5.99 27.04 4K

12 RAB 0 46.14 13.06 59.66 30.21 19.25 5.56 26.04 2M13 2 45.41 12.66 59.27 29.79 17.94 5.30 25.51
14

Stru.
RAB

0,0
spk.+
defi.

44.60 11.87 57.38 28.41 17.45 5.45 24.70
10M

(8M+2M)
15 0,2 45.06 12.22 57.74 29.35 18.06 5.32 25.10
16 2,0 44.52 11.97 57.34 28.06 17.82 5.61 24.73
17 2,2 45.11 12.24 58.27 28.67 18.59 5.30 25.13

from Block 1 and 3 of all the 29 speakers are used as the training set,
while the data of Block 2 of all the 16 dysarthric speakers serves as
the test set. After removing excessive silence and speed perturbation
based data augmentation [41], a total of 130.1 hours of audio data is
used as the training set, while 9 hours of speech is used for evaluation.
The DementiaBank Pitt [30] corpus is the largest publicly available
elderly speech corpus designed for speech-based Alzheimer’s Disease
(AD) diagnosis. It contains about 33 hours of audio recorded over AD
assessment interviews between 292 elderly participants and clinical
investigators. After silence stripping and data augmentation, the
training data is increased to 58.9 hours, while the development and
evaluation sets contain 2.5 hours and 0.6 hours of audio respectively.
There is no overlapping between the elderly speakers in the
training, development and evaluation sets. The test data word
coverage rates of UASpeech and DementiaBank are 61% and 98.7%.

B. Experimental Setup

The pre-trained models on UASpeech and DementiaBank corpora
are the large HuBERT model1 and Wav2vec2-conformer model with
relative position embeddings2 respectively. They are selected as the
strongest baseline foundation model for each task, following the
prior work [15]. The bottleneck dimensionality of the deficiency-
conditioned RAB is empirically set as 256 for both UASpeech and
DementiaBank. While the bottleneck dimensionality of the speaker
identity-conditioned RAB is set to 256 for UASpeech and 128
for DementiaBank. This difference is due to UASpeech having
more speaker-level data (2025 seconds per speaker) compared to
DementiaBank (76 seconds per speaker).

C. Implementation Issues & Ablation Studies

Two key implementation issues affecting the performance of both
non-structured and structured SFM adaptation are investigated. These
include: a) the position of the adapter; and b) the architecture of the
adapter. From the ablation study results in Table I3, several trends
can be observed: 1) Among all non-structured speaker-adapted or

1huggingface.co/facebook/hubert-large-ls960-ft
2huggingface.co/facebook/wav2vec2-conformer-rel-pos-large-960h-ft
3The speech deficiency labels of the test set speakers are automatically

predicted using the well-trained spectro-temporal embedding feature based
neural network classifiers [5], [36], while test set speaker identity labels are
provided during test-time unsupervised adaptation.



TABLE II
PERFORMANCE OF HUBERT AND WAV2VEC2-CONFORMER SYSTEMS CONSTRUCTED WITHOUT OR WITH STRUCTURED SPEAKER-DEFICIENCY
ADAPTATION ON THE TEST SET OF UASPEECH DYSARTHRIC SPEECH, AS WELL AS DEVELOPMENT (DEV.) AND EVALUATION (EVAL.) SETS OF

DEMENTIABANK PITT ELDERLY SPEECH RESPECTIVELY. “INV.” AND “PAR.” REFER TO CLINICAL INVESTIGATORS AND ELDERLY PARTICIPANTS.
SYS.2∗ , 9∗ ARE THE UPPER BOUND OF SYS.2,9 RESPECTIVELY, WHICH USE THE GROUND TRUTH SPEECH TRANSCRIPT AS SUPERVISION DURING TEST
TIME ADAPTATION. †, ∗ AND △ DENOTE STATISTICALLY SIGNIFICANT (MAPSSWE [42],α = 0.05) DIFFERENCES OBTAINED AGAINST THE BASELINE

FINE-TUNED, NON-STRUCTURED SPEAKER OR DEFICIENCY ALONE ADAPTED ASR SYSTEMS (SYS. 1,5,7).

Sys.
Adaptive Training Test Time Adapt. UASpeech DementiaBank Pitt

Ada.
Arc.

Ada.
Label Sup. Ada.

Arc.
Ada.
Label Sup. WER (%) Ada. Param.

(spk.+defi.)
Dev. WER (%) Eval. WER (%) O.A. Ada. Param.

(spk.+defi.)unseen seen VL L M H O.A. Par. Inv. Par. Inv.
1 ✗ ✗

GT

✗ ✗ ✗ 50.06 13.30 59.47 33.62 22.22 6.34 27.71 - 29.73 14.28 21.29 15.32 21.61 -
2

✗ ✗ RAB global Sys.1’s outputs 47.08 13.61 59.91 32.40 19.73 5.51 26.73 0.5M 29.40 14.20 21.18 14.32 21.39 0.5M2∗ GT (supervised) 39.46 10.10 52.00 24.72 14.37 4.26 21.61 28.19 13.86 19.82 13.76 20.53
3 LHUC spk. LHUC spk.

Sys.1’s
outputs

47.91† 13.31 60.02 31.36† 20.98† 5.96† 26.88† 0.016M 29.01† 14.39 20.93 13.76 21.25 0.147M
4 ✗ ✗ RAB spk. 47.95† 13.32 59.89 32.37 20.31† 5.70† 26.90† 8M 28.83† 14.02 20.81 15.32 21.06† 37M
5 RAB spk. 44.75† 12.46† 57.90† 29.02† 18.24† 5.46† 25.12† 28.06† 13.84 19.50† 14.65 20.45†

6 ✗ ✗ RAB defi. 47.93† 13.10 59.59 32.17 20.65† 5.45† 26.76† 2M 29.03† 14.36 21.12 13.76 21.28 1M
7 RAB defi. 45.41† 12.66† 59.27 29.79† 17.94† 5.30† 25.51† 29.13† 14.50 20.13 14.43 21.23
8 ✗ ✗ Stru.

RAB
spk.+
defi.

47.08† 13.21 59.32 32.16† 19.67† 5.38† 26.49† 10M
(8M+2M)

28.52† 14.29 21.00 14.65 21.05† 38M
(37M+1M)9 Stru. RAB spk.+defi. 44.60†△ 11.87†∗△ 57.38†△ 28.41†∗△ 17.45†∗ 5.45† 24.70†∗△ 27.57†△ 13.68†△ 19.13†△ 14.32 20.11†△

9∗ Stru. RAB spk.+defi. GT (supervised) 30.27 5.51 40.25 16.72 7.43 2.79 15.22 24.41 12.06 16.58 10.10 17.49
1A stronger SFM baseline [15] using cross-system rescoring 34.28 11.71 50.70 23.51 12.06 4.20 20.56 - 25.27 12.07 16.73 11.88 18.07 -
9A Sys. 1A + 9 (structured speaker-deficiency adaptation) 33.17 10.60 49.34 21.60 10.84 3.92 19.45 - 24.17 11.88 16.15 11.54 17.45 -

deficiency-adapted systems, inserting the LHUC and RAB adapters
respectively after the CNN encoder and in the 2nd Transformer block
produces the best performance (Sys.2 vs. 3-6; Sys.9 vs. 8,10; Sys. 13
vs. 12). 2) The best-performing structured speaker-deficiency adapted
system is obtained when both speaker and deficiency RAB adapters
are located immediately after the CNN encoder (Sys.14 vs. 15-17)4.

D. Main Results On UASpeech Dysarthric Data

From the results in Table II on UASpeech dataset, there are several
trends can be found: 1) All non-structured speaker or deficiency
alone adapted systems, and those using the proposed structured
speaker-deficiency adaptation outperform the baseline in-domain
multi-speaker data fine-tuned HuBERT and that using global (test
set level) adapters (Sys.3-9 vs. 1,2).
2) Non-structured RAB-based speaker or deficiency alone adapted
systems (highlighted in orange) outperform the baseline HuBERT
with statistically significant WER reductions of 2.59% and 2.20%
absolute (9.35% and 7.94% relative) respectively (Sys.5, 7 vs. 1).
3) The structured speaker-deficiency adapted system (highlighted in
red) outperforms the baseline fine-tuned Large HuBERT model, as
well as non-structured speaker or deficiency alone adapted systems by
statistically significant WERs up to 3.01% absolute (10.86% relative,
Sys.9 vs. 1,5,7).
4) Non-structured and structured SFM adaptive fine-tuning produce a
more neutral and robust starting point than standard non-AFT models
for test time unsupervised adaptation. It improves performance up to
1.79% absolute (7.24% relative, Sys.5,7,9 vs. 4,6,8).
5) After applying the proposed structured speaker-deficiency adap-
tation approach (Sys. 9A) on a stronger baseline SFM [15], [31]
obtained using cross-system rescoring (Sys. 1A), the lowest published
WER of 19.45% on all the 16 dysarthric speakers (49.34% on very
low intelligibility, 33.17% on unseen words, highlighted in blue) is
obtained. The performance improvements over the baseline in-domain
data fine-tuned HuBERT (Sys. 9 vs 1) are also retained after cross-
system rescoring based system combination (Sys. 9A vs. 1A).

Finally, the performance of our best system (Sys. 9A, Table II, in
blue) is contrasted against recently published state-of-the-art results
on UASpeech in Table III. All the systems follow the same block-
based training-evaluation protocol5.

4This may be because the outputs of the lower positioned CNNs exhibit
greater variability for structured adaptation to fully exploit, when compared
with the outputs produced by the higher positioned Transformer blocks.

5Block 1+3 data used in training, all the 16 dysarthric speakers of Block
2 for evaluation [1], [29], [43], [44].

TABLE III
WERS OF PUBLISHED AND OUR BEST SYSTEM ON UASPEECH

System VL All
Sheffield-2020 Fine-tuning CNN-TDNN speaker adaptation [45] 68.24 30.76

CUHK-2021 NAS DNN + Data Aug. + LHUC-SAT + AV fusion [3] 60.30 25.21
CUHK-2022 DNN + Data Aug. + LHUC-SAT + AUV fusion [8] 60.14 24.82
CUHK-2022 DNN + Data Aug. + SBE Adapt + LHUC-SAT [5] 59.30 25.05

BUT-2022 Wav2vec2.0 + fMLLR + xvectors [32] 57.72 22.83
Nagoya Univ.-2022 WavLM [46] 71.50 51.80

FAU-2022 Cross-lingual XLSR + Conformer [47] 62.00 26.10
CUHK-2023 Kaldi TDNN + VAE-GAN + LHUC-SAT [48] 57.31 27.78

CUHK-2024 HuBERT + sys. comb. [15] 50.70 20.56
HuBERT + structured adapt. + sys. comb. (Sys. 9A, Table II, ours) 49.34 19.45

E. Results On DementiaBank Elderly Speech

The following trends consistent with those found on the dysarthric
UASpeech data in Table II are also observed on DementiaBank
(100% test set speakers unseen in training): 1) Structured speaker-
deficiency adaptation (highlighted in red) outperforms all of the
comparable speaker or deficiency alone adapted systems (Sys.9 vs.
3,5,7), and the baseline fine-tuned Wav2vec2-conformer system by
statistically significant WER reductions of 1.50% absolute (6.94%
relative, Sys.9 vs. 1). 2) After applying the proposed structured
speaker-deficiency adaptation approach (Sys. 9A) on a stronger
baseline SFM [15], [31] (Sys. 1A), a new state-of-the-art overall WER
of 17.45% is obtained on the combined DementiaBank development
and evaluation sets (highlighted in blue).

VI. CONCLUSION

This paper proposes novel structured speaker-deficiency adaptation
approaches for SSL pre-trained SFMs on dysarthric and elderly
speech data. Speaker and speech deficiency invariant SFMs were con-
structed in their supervised adaptive fine-tuning stage to reduce undue
bias to training data speakers, and serves as a more neutral and robust
starting point for test time unsupervised adaptation. Speech variability
attributed to speaker identity and speech impairment severity, or
aging induced neurocognitive decline, are modelled using separate
adapters that can be combined together to model any seen or unseen
speaker. Consistent performance improvements are obtained over
the baseline fine-tuned HuBERT and Wav2vec2-conformer models
by statistically significant WER reductions of 3.01% and 1.50%
absolute (10.86% and 6.94% relative) on the benchmark UASpeech
and DementiaBank Pitt test sets respectively. New state-of-the-art
WERs are also obtained on both tasks. Future research will study the
rapid and online adaptation of pre-trained ASR models for dysarthric
and elderly speakers.
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