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Abstract
Although there have been remarkable advances
in dialogue systems through the dialogue sys-
tems technology challenge (DSTC), it remains
one of the key challenges to building a robust
task-oriented dialogue system with a speech
interface. Most of the progress has been made
for text-based dialogue systems since there are
abundant datasets with written corpora while
those with spoken dialogues are very scarce.
However, as can be seen from voice assistant
systems such as Siri and Alexa, it is of practi-
cal importance to transfer the success to spo-
ken dialogues. In this paper, we describe our
engineering effort in building a highly suc-
cessful model that participated in the speech-
aware dialogue systems technology challenge
track in DSTC11. Our model consists of three
major modules: (1) automatic speech recog-
nition error correction to bridge the gap be-
tween the spoken and the text utterances, (2)
text-based dialogue system (D3ST) for estimat-
ing the slots and values using slot descriptions,
and (3) post-processing for recovering the error
of the estimated slot value. Our experiments
show that it is important to use an explicit auto-
matic speech recognition error correction mod-
ule, post-processing, and data augmentation to
adapt a text-based dialogue state tracker for
spoken dialogue corpora.

1 Introduction

Task-oriented dialogue (TOD) systems aim to suc-
cessfully perform various tasks, such as hotel reser-
vations, train information retrieval, and food order-
ing, by interacting with users. In particular, with
the popularity of voice assistant systems such as
Siri and Alexa, it is important to be able to take
spoken languages as inputs to TOD systems. These
TOD systems with the speech interface is referred
to as spoken dialogue systems.

However, due to the differences in many aspects
between text conversation and speech conversation,

∗These authors contributed equally.

the existing TOD systems for text conversation can
fail to achieve good performance for speech con-
versation. To this end, several tasks such as ATIS
(Hemphill et al., 1990) and competitions (DSTC21,
DSTC10 knowledge-grounded task-oriented dia-
logue modeling on spoken conversations track2)
were proposed. In the knowledge-grounded task-
oriented dialogue modeling on spoken conversa-
tions track in DSTC10, various methods were ap-
plied to spoken dialogue systems. Khan et al.
(2015) introduced a method to reduce automatic
speech recognition (ASR) error by making predic-
tions using multiple hypotheses of several ASR
models together. Also, Tian et al. (2021) proposed
a method to reduce the discrepancy between written
conversation and spoken conversation by augment-
ing the dataset based on ontology and pattern or
generating noisy addition of spoken conversation
through a text-to-speech (TTS)->ASR pipeline.

Since only ASR hypothesis data was provided in
knowledge-grounded task-oriented dialogue mod-
eling on spoken conversations track in DSTC10, it
was difficult to effectively deal with errors gener-
ated in ASR, and most of the studies were focused
on data augmentation to make up for the lack of
data. On the other hand, in the speech-aware di-
alogue system technology track in DSTC11, in
addition to the ASR hypothesis data, audio, tran-
scripts used to generate the audio and augmented
data were provided, allowing a more diverse ap-
proach. For this motivation, we studied how to
solve problems caused by the propagation of ASR
errors to the model and how to solve errors such
as incorrect proper nouns generated by spoken in-
put and participated in the speech-aware dialogue
systems technology challenge track in DSTC11.

In this paper, we propose a model, which allows
good performance for spoken utterance input as

1https://github.com/matthen/dstc
2https://github.com/alexa/

alexa-with-dstc10-track2-dataset
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Speaker Utterance Dialog state
User I’d like to find out if there are any 4-star rated guesthouses in cambridge

hotel-stars=4
hotel-type=guesthouse

hotel-internet=yes
restaurant-name=bangkok city

restaurant-area=centre

System There are quite a few. what area do you prefer?
User I’m open to any area as long as there is free wifi.
System Then I recommend the a and b guest house. Would you like me to book you a room?
User Does that also have free parking available?
System No, it doesn’t. should I recommend you a place with free parking instead?
User No, but I am looking for a particular restaurant. Its name is called bangkok city

System
Bangkok city is an expensive Thai restaurant in the centre of town. They are located at 24
green street city centre. Their postcode is cb23jx. Would you like a reservation?

User All I needed today was the address, thank you

Table 1: A DST example in MultiWOZ dataset

well. Our contributions are summarized as follows:
(1) We show that explicit ASR error correction
can improve the performance of dialogue systems
with spoken corpora as input. (2) We show that
post-processing can mitigate errors in words such
as proper nouns. (3) We successfully construct a
dialogue system that performs well with spoken
utterance input.

2 Related Work

2.1 Dialogue State Tracking
Dialogue state tracking (DST) is one of the compo-
nents of a task-oriented dialogue system that maps
partial dialogues to the dialogue state. It usually
extracts the user’s goal and intent in the form of
a slot-value pair through the user and system dia-
logue conversation. As an example in Table 1, the
DST task is to extract dialogue states such as the
value of guesthouse in the slot of hotel-type and the
value of bangkok city in the slot of restaurant-name
from user’s utterance. There are several methods
have recently attracted attention in DST tasks.

Dialogue Systems with Description Input
Some works have been proposed which include
task descriptions as input, where the descriptions
related to the dialog system slot or slot value
examples are added as input data (Shah et al.,
2019). Zhao et al. (2022) showed that a language
description-driven system shows a better under-
standing of task specifications, higher performance
on state tracking, improved data efficiency, and
effective zero-shot transfer to unseen tasks.

Prompting Dialogue System In the NLP com-
munity, it has been shown that large language mod-
els such as GPT-3 (Brown et al., 2020) and LaMDA
(Thoppilan et al., 2022) can do few-shot learning
without fine-tuning. In the dialogue state track-
ing task, Madotto et al. (2020) applied GPT-2 by
priming the model with dialogue state value pair
examples. Their model works well on dialogue

state tracking with few shot examples without fine-
tuning.

2.2 Spoken Dialogue System

In spoken dialogue systems, the discrepancy be-
tween text and speech conversations makes it dif-
ficult for text-based dialogue systems to perform
well. The differences arise from different styles of
spoken and written conversations, extra noise from
grammatical errors, disfluencies or barge-ins, and
speech recognition errors. To solve these issues,
benchmark sets using audio were proposed.

Hemphill et al. (1990) and Bennett and Rudnicky
(2002) proposed the speech dialogue benchmark
which consists of fairly limited corpora focusing
on travel reservations. Furthermore, there is no
dialogue state annotation. Recently, with spoken
dialog systems becoming popular, various speech
dialogues benchmark sets have emerged that over-
came these limitations, such as DSTC2 (Hender-
son et al., 2014) and DSTC10 knowledge-grounded
task-oriented dialogue modeling on spoken conver-
sations track (Kim et al., 2021). However, these
benchmark sets were still insufficient to solve the
speech-aware dialogue system because they had
no dialog annotations, poor ASR system results,
and/or a lack of audio data.

3 Speech-aware Dialog Systems Task

Here we provide background on the Speech-aware
dialogue system technology track in DSTC11,
which was introduced to overcome the challenges
in implementing a good speech dialogue system
with the previous speech dialog system bench-
marks.

3.1 Dataset

The dataset combines the Multi-domain Wizard-of-
Oz (MultiWOZ) dataset (Kim et al., 2019) and
audio-related features. The MultiWOZ dataset
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i want to depart from joshua and 
arrive to waggoner by 0:53 am.

"train-arriveby": "0:53 am",
"train-departure": "joshua",
"train-destination": "waggoner"

Text Based
Dialogue System

(D3ST)

Our model

i want to depart from joshua and 
arrive to waggoner by 12:53 a m.

i want to depart from joshua and 
arrive to waggoner by 0:53 am.

ASR Error Correction

"train-destination": "waggoner"

"train-destination": "wagener"

Post processing

ASR

Correct time format, 
grammer error

Predict dialog state Recover dialog state value

Audio Input

Figure 1: Our model structure

is a large-scale human-human conversational cor-
pus spanning over seven domains, including about
10,000 multi-turn dialogues. Each dialogue is rich
in annotations such as ‘goal’, ‘meta-data’, ‘dialog
act’, and user and system utterances. Audio-related
features are expressed in the following four kinds.

1. Raw audio in the standard PCM format, 2
bytes per sample, at 16KHz sampling rate.
Given as two types: TTS and human.

2. Audio encoder output from the ASR system,
consisting of 512-dimension vectors at a rate
of 75 vectors per second.

3. Transcripts from the ASR system (ASR hy-
pothesis).

4. Time alignment describing how the recog-
nized words map to the encoder output se-
quences. For example, w:while t:2 w:in t:5
w:cam t:8 w:bridge t:11 w:â– t:15 w:i t:15 ...

The track tried to reduce the performance differ-
ence according to the ASR model by providing
high-quality ASR results and feature vectors.

In addition, the state value of the dataset has
been updated because the state value of the original
MultiWOZ dataset was overlapped in the dev and
test set compared to the train set, so fair evalua-
tion could not be performed. Also, by changing
the slot value in the conversation, the dataset was
augmented 100 times.

Lastly, we used datasets with three kinds of
audio as input to evaluate the spoken dialog sys-
tem. The three types of datasets are classified ac-
cording to the type of audio: TTS-Verbatim gener-
ated by TTS, Human-Verbatim by human speech,

and Human-Paraphrased by paraphrased human
speech.

3.2 Evaluation Methods

The evaluation metric is dialogue state tracking3,
one of the base evaluation metrics of the Multi-
WOZ dataset. Dialogue state tracking is a primary
evaluation method that intuitively checks how well
the dialogue model works for audio input. Joint
goal accuracy(JGA) was used as the first evaluation
metric, and slot error rate(SER) and F1 score were
used as the second evaluation metric.

4 Methods

In this section, we describe our model that par-
ticipated in the speech-aware dialogue systems
technology challenge track in DSTC11. Figure 1
presents our model architecture. Our system con-
sists of three modules: (1) ASR error correction,
(2) Text Based Dialogue System, and (3) Post-
processing. The overview of the process followed
by our model is as follows:

1. Take the given ASR result from the audio data
set to create an input.

2. Insert the input data into the ASR error cor-
rection module to obtain the text that cor-
rected the ASR error.

3. Output the value of the dialog state with the
dialog system learned based on the text

4. Run the post processing module to recover
the dialog state value

3https://github.com/jasonwu0731/trade-dst
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ASR Error 
Correction

(T5)

"[str] please get me a ticket for 
one that leaves at 12:49 a m 

a m and send me the 
reference number [end]"

"[str] please get me a ticket for 
one that leaves at 0:49 am
and send me the reference 

number. [end]"

Input Corrected input

"[str] please get me a ticket for one 
that leaves at 0:49 am and send me 

the reference number. [end]"

Transcript

Figure 2: ASR correction example (MultiWOZ mul0207.json)

4.1 ASR error correction

In general, we use the ASR model to transcribe au-
dio to text. However, errors arising from the ASR
module can be propagated to the dialog system
that uses them as input (Dutta et al., 2022), thus
it is necessary to correct these ASR errors. Since
we have the ground truth text and corresponding
ASR hypothesis data, we need to calibrate the ASR
hypothesis to ground truth text. As in previous stud-
ies, ASR errors can be improved by applying the
n-best technique (Zhu et al., 2021), but applying
the n-best technique requires audio data for train-
ing, which can be very expensive. In addition, in
the case of the ASR model, text converted through
ASR can be inappropriate for certain downstream
tasks. Therefore, instead of the n-best technique,
we utilize an ASR error correction module to con-
vert the input to a similar text in our ground truth
transcript through a seq2seq-based model.

Figure 2 shows the flow of our ASR error cor-
rection module. By comparing the ground truth
text and ASR hypothesis, it can be seen that there
are many differences. There are special character
disappearances, errors in certain formats such as
time, as well as spelling errors. To fix this, we
implemented a model that was trained to generate
ground truth text from the ASR hypothesis based
on T5 (Raffel et al., 2020). Therefore, our model
can import recovered input instead of the ASR hy-
pothesis which has a higher error compared to the
original text.

4.2 Inclusion of task description

Previously, for TOD systems, there have been two
main approaches: a modular approach to solve
each task by module and the end-to-end approach

(Madotto et al., 2018). The end-to-end approach
could not show good performance due to the prop-
agation of ASR errors in the spoken dialog system.
In addition, the dataset provided on the track was
difficult to perform well compared to the conven-
tional MultiWOZ dataset.

Therefore, we used Description-Driven DST
(D3ST; Zhao et al., 2022) as a baseline to increase
data efficiency by utilizing the description provided
by MultiWOZ4. Also, we chose a T5-based gen-
eration model that showed higher efficiency in the
DST Task.

Figure 3 shows an example of the input struc-
ture of our DST model. First, we transformed the
input data into D3ST format and applied an index-
picking mechanism, handling categorical slots. Ad-
ditionally, we applied random ordering techniques
to target dialogue states for each example during
training to prevent dependence on the order of
predicted slots. When predicting a slot using a
generation-based model, this method shows that
the model does not depend on the order of slots,
and as a result, the slot prediction performance
increases.

4.3 Post Processing
There were many proper nouns such as hotel and
restaurant names, but in the case of our model,
which is using the ASR result as input, it was
challenging for ASR error correction to correctly
fix these proper nouns. In the previous study, the
slot values were recovered by applying an encoder-
decoder structure in a hierarchical manner (Ren
et al., 2019) or modified to a similar value using
the Levenshtein distance ratio (Levenshtein et al.,

4https://github.com/budzianowski/multiwoz
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Description 0 area or place of the restaurant 0a) north 0b) east 0c) west 0d) south 0e) 
centre 1 food type for the restaurant 2 price budget for the restaurant … 

Dialog history
[user] i'd really like to take my client out to a nice restaurant that serves 
indian food. [system] i show many restaurants that…

Dialog state

Randomize dialogue state ordering

Dialog state [states] 3 Indian 9 7:30 pm 0 0e 15 6 6 6a …

[states] 0 0e 3 Indian 6 6a 9 7:30 pm 15 6 …

Source

Target

Figure 3: An example of DST model input. We applied a random ordering mechanism to D3ST-based input.

1966). To correct these proper nouns, we created
a proper noun database based on Wikipedia data,
and we created a module that uses word similarity
to recover spelling error words.
There are various algorithms for calculating word
similarity. We need to change the misrecognized
word caused by ASR error to the correct word, but
the spaCy library5 could not be used because it
calculates the similarity of cosine in the vector of
the word. In addition, the Gestalt pattern matching
(Ratcliff and Metzener, 1988) algorithm is not sym-
metric, so it shows different similarities depending
on the input order, and the performance is slow.
Therefore, we applied the Levenshtein distance
ratio(Levenshtein et al., 1966) algorithm that cal-
culates similarity by editing (add/delete/update).

5 Experiments

We trained two T5(Raffel et al., 2020) models
for ASR error correction and the description di-
alogue system using huggingface. T5-base(220M)
was used for ASR error correction and T5-base,
large(770M) for the description dialog system.
We used pre-trained weights by Wolf et al. (2020)
and tokenized each sentence into sub-words using
T5Tokenizer6.

For fine-tuning, we used the AdamW optimizer
(Loshchilov and Hutter, 2017) with β1 = 0.9, β2 =
0.999, weight decay = 0.01 and a learning rate of
0.0001. We used a batch size of 8, an input length
of 256, the output length of 256 for ASR error
correction, and batch size of 6 (3 for T5-large),

5https://spacy.io/api/token#similarity
6https://github.com/huggingface/transformers

an input length of 1024, and an output length of
512 for the description dialogue system.

5.1 ASR error correction Result

Post Processing ASR ASR correction

NONE 92.4% 57.5%
REMOVING SPECIAL CHARACTER 58.7% 22.0%

Table 2: Comparison of sentence error rate between the
text of ASR without post-processing and of our ASR
correction method. The sentence error rate is the number
of incorrect sentences divided by the total number of
sentences.

We compared the text enhanced by our ASR
correction method to the text generated by ASR
without correction. The result is summarized in
Table 2. The first row shows the result without any
post-processing text while the second row shows
the result of removing special characters in the gen-
erated text. The sentence error rate is the number
of incorrect sentences divided by the total number
of sentences. We observe that our ASR correction
method yields dramatic performance improvement,
which is about a 35% increase in sentence error rate
in both cases. This is because applying our ASR
correction method makes the sentence from ASR
more natural. Qualitative results are presented in
Figure 2, which supports our claim.

5.2 Main Results

Table 3 shows the results of the experiment. This
result is generated by training with original tran-
script and evaluating it with tts-verbatim of the
validation set. The track organizers presented a
baseline based on the D3ST model and showed dif-
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Model + Feature JGA SER

Baseline

D3ST (T5-base) 20.0 -
D3ST (T5-large) 21.1 -
D3ST (T5-large) + D 28.4 -
D3ST (T5-XXL) + D 33.7 -

Ours

UBAR (gpt-2) 19.2 -
D3ST (T5-base) 23.3 31.7
D3ST (T5-base) + A 28.7 25.9
D3ST (T5-base) + R 26.2 -
D3ST (T5-base) + R + P 34.1 23.4
D3ST (T5-base) + R + P + D 40.3 19.0
D3ST (T5-base) + R + P + D + A 41.6 18.3

Table 3: The experiment results were trained on the
original transcript and evaluated on the validation set.
A: ASR Error Correction, R: Random Ordering, P: Post
Processing, D: Data Augmentation

ferences in performance depending on the size of
the backbone model and data augmentation.

Considering that the UBAR(Yang et al., 2021)
model operates in an end-to-end fashion, we imple-
mented our backbone model based on D3ST(Zhao
et al., 2022) which can effectively solve DST Tasks.
On top of our backbone model, we carefully added
each feature one by one to gradually increase the
performance and identify its impact.

Random ordering module allows us to avoid de-
pendence on the order of slots predicted in the infer-
ence process, and Post Processing module corrects
prediction errors in words such as proper nouns.
ASR Error Correction module corrected ASR er-
rors to text similar to the original transcript. Finally,
using the Data Augmentation, we were able to cre-
ate high-performance models.

Model + Feature Pretrain. Model (# Params.) JGA SER

D3ST
+ R + P + D + A

T5-base (220M) 41.6 18.3
T5-large (770M) 42.4 19.0

Table 4: Comparison of performance according to
model size. A: ASR Error Correction, R: Random Or-
dering, P: Post Processing, D: Data Augmentation

In addition, we conducted a performance com-
parison experiment according to the size of the T5
model. Table 4 shows the result of the experiment.
The performance of our model increased as the
size of the base model increased, and Zhao et al.
(2022) also showed that the performance difference
between the XXL model and the large model was
very large for the D3ST model. It would have been
nice if we had experimented with a huge model
such as XXL, but due to experimental constraints,
we could only experiment with the large model.

Finally, we submitted our final model based on the
large model.

Table 5 is the official results of the test submis-
sion by the participants. A total of 6 teams submit-
ted, and each team could submit up to 2 systems,
so a total of 11 systems were submitted. We sub-
mitted a model that recorded 42.4 in the validation
set. Finally, our model achieved third place, with
JGA 40.2 for tts-verbatim in the challenge.

In particular, our model showed a small gap be-
tween human-verbatim and human-paraphrased
data because it was implemented through the ASR
Error Correction module in a flexible form for sen-
tence structure.

5.3 Worst-Case Analysis

0 20 40 60

taxi-destination
taxi-arriveby

hotel-type
restaurant-name

taxi-departure
train-departure

train-destination
attraction-name

hotel-name
hotel-parking

hotel-area
train-leaveat
taxi-leaveat

hotel-internet
hotel-pricerange

attraction-type
hotel-stars

restaurant-area
attraction-area

restaurant-pricerange
restaurant-food

train-arriveby
restaurant-time

train-people
hotel-day

hotel-people
hotel-stay

restaurant-people
restaurant-day

Figure 4: Slots error rate per each slot. Most slots
with high slot error rates are slots with proper nouns
as slot values, for example, taxi-destination (54.5%),
taxi-arriveby (40.5%), and restaurant-name (39.5%).
Red-colored slots contain proper nouns.

We hypothesize several approaches that poten-
tially improve the performance of our model. Fig-
ure 4 shows the distribution of slot error rates for
each slot. Slots containing proper nouns, such
as hotel-name and restaurant-name, showed high
slot error rates. Like DSTC11-Track3, in the case
of a Dialogue system that uses ASR results as
input, there can be many problems with proper
nouns. We tried to correct these errors through
post-processing, but there was still a lot of am-
biguity because we have no dataset or ontology
for proper nouns in the model. So we think that
defining the appropriate ontology of the system
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System
Joint Goal Accuracy Slot Error Rate

TTS-verbatim Human-verbatim Human-paraphrased TTS-verbatim Human-verbatim Human-paraphrased
F-p 44.0 39.5 37.9 17.1 20.0 20.4
F-s 40.4 36.1 34.3 19.2 21.9 22.4

C-p (ours) 40.2 31.9 31.8 20.9 28.1 27.2
A-s 37.7 30.1 30.7 20.3 26.9 26.2
C-s 33.1 28.6 28.1 25.0 28.7 29.5
D-s 30.3 23.5 23.2 26.6 36.5 35.1
B-p 27.3 23.9 22.6 26.2 30.0 30.6
D-p 30.3 23.5 23.2 28.0 36.7 36.0
A-p 21.9 21.2 20.0 32.8 33.5 33.8
B-s 22.4 19.2 18.3 28.7 32.2 32.6
E-p 21.3 20.0 18.2 35.1 35.5 35.3

Table 5: Official results for test submissions by DSTC11-Track3. The text in bold indicates our model. The first
letter of System means Team, and the second letter means System, p is Primary System and s is Secondary
System.

Value Error Overestimation Underestimation
0

10

20

30

2.4
4.8

32.4

Figure 5: The cause of the error in hotel-type slot. Most
of the reasons for the error in hotel-type slot were be-
lieved to have been caused by underestimation.

and post-processing will lead to even better perfor-
mance.

Figure 5 shows the distribution of the error cause
of the hotel-type slot, which showed a high slot er-
ror rate even though the slot does not include proper
nouns. As a result of the analysis, most of the er-
rors appeared to be caused by underestimation. We
believe that this is caused by many cases in which
hotel types are included in the hotel name, such
as guest house and hotel. Therefore, we think that
it would be good to solve the inference about the
hotel type by separating the hotel name and the
hotel type.

6 Conclusion

In this paper, we proposed an ASR dialogue
pipeline model to solve the speech-aware dialogue
system technology track in DSTC11. First, we
reduce the gap when applying spoken data to text-
based dialogue systems by modifying ASR results

that differ from the original text such as time for-
mats or special characters through the ASR error
correction module. Secondly, the text-based dia-
logue system, a model including descriptions with
several techniques, was able to get good perfor-
mance even with low input data feature quality of
audio data. Lastly, by recovering errors such as
proper nouns that cannot be caught in ASR error
correction through post-processing, a dialogue sys-
tem that produces high performance even on the
speech database was created. In this way, we have
created a model that can overcome the limitations
of speech in several parts, and in the case of T5,
although the model is very sensitive to parameter
size, we can confirm that it is a model with high
potential for development by performing well even
in a small size model.
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