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Abstract

Neural contextual biasing effectively improves automatic
speech recognition (ASR) for crucial phrases within a speaker’s
context, particularly those that are infrequent in the training
data. This work proposes contextual text injection (CTI) to
enhance contextual ASR. CTI leverages not only the paired
speech-text data, but also a much larger corpus of unpaired
text to optimize the ASR model and its neural biasing com-
ponent. Unpaired text is converted into speech-like represen-
tations and used to guide the model’s attention towards relevant
bias phrases. Moreover, we introduce a contextual text-injected
(CTI) minimum word error rate (MWER) training, which min-
imizes the expected WER caused by contextual biasing when
unpaired text is injected into the model. Experiments show that
CTI with 100 billion text sentences can achieve up to 43.3% rel-
ative WER reduction from a strong neural biasing model. CTI-
MWER provides a further relative improvement of 23.5%.
Index Terms: ASR, text injection, contextual biasing

1. Introduction

End-to-end (E2E) models excel in automatic speech recogni-
tion (ASR) by directly mapping speech signals to word se-
quences [1, 2, 3, 4, 5]. Despite training on large audio-transcript
datasets, E2E ASR on contextually relevant words that appear
infrequently in the training data remains challenging [6]. Such
phrases include user’s contact names, songs, applications, and
current locations, etc. Contextual biasing offers an effective so-
lution to mitigate this training-inference mismatch, improving
ASR performance on contextual long-tail words.

Traditional contextual biasing approaches train an external
language model (LM) [7] or construct a contextual finite state
transducer (FST) [8, 9, 10, 11], and combine their scores with
the ASR model during inference. These methods separately op-
timizes the ASR model and biasing component, requiring ex-
tensive tuning for the interpolation weights. E2E neural biasing
[12, 13, 14, 15] addresses this by directly integrating the bias-
ing component into the ASR model, enabling joint optimization
towards a single ASR objective. These methods employ atten-
tion mechanism to associate bias phrases with the decoder or the
acoustic encoder of the ASR model, generating a context vector
that adapts the ASR model towards the biasing context. Neu-
ral biasing shows improved ASR performance compared to the
FST-based approach. However, these methods face a scalabil-
ity challenge: as the number of biasing phrases increases, both
the computational latency and word error rate (WER) tend to
rise. To address this, neural associate memory (NAM) [16, 17]
utilizes a two-pass hierarchical biasing scheme: the st pass
identifies the top-K bias phrases that are most likely to occur in
the speech signal via correlation, and the 2nd pass restricts the

acoustic encoder’s attention into only the selected K phrases.
Deferred NAM [18] further improves the 1st pass top-K search
by introducing a retrieval loss, and has achieved the state-of-
the-art (SOTA) performance on multi-context biasing sets.
However, training neural biasing models requires paired
audio-transcript data, which is limited by the cost of human
transcription. Moreover, bias phrases sampled from such tran-
scripts are neither rare phrases for the model nor contextually
relevant to the test utterances. To address this, we propose
a novel contextual text injection (CTI). CTI transforms large-
scale unpaired text into speech-like representations through an
ASR acoustic encoder, and associates them with bias phrases
extracted from the unpaired text via an attention mechanism.
This enhances the model’s ability to identify the most relevant
bias phrases and bias its predictions towards them. CTI offers
significant advantages: 1) unpaired text is readily accessible,
and is far more plentiful than audio-transcript pairs; 2) unpaired
text contains a wealth of rare phrases that are infrequent or even
absent in audio-transcript pairs. Further, we propose contextual
text-injected (CTI) minimum word error rate (MWER) training,
where unpaired text, after undergoing contextual neural bias-
ing, is used to generate N-best hypotheses. Minimizing an ex-
tra text-based MWER loss computed from such hypotheses ef-
fectively reduces ASR errors introduced by contextual biasing.
Experimented with 100 billion (B) text sentences, CTI reduces
WER by up to 43.3% relatively compared to a SOTA deferred
NAM on voice search multi-context biasing sets. CTI MWER
leads to an additional 23.5% relative WER reduction from CTIL.

2. Related Work
2.1. Text Injection

Various studies have explored incorporating unpaired text into
E2E model training. One approach is to fine-tune the decoder
of an E2E model with unpaired text to minimize an additional
cross-entropy LM loss [19, 20, 21, 22, 23, 24, 25]. By zeroing
out the encoder output, the decoder acts as an internal LM [26,
27, 28]. However, the decoder’s limited capability restricts the
effectiveness of these methods. Text injection [29, 30, 31, 32,
33, 34, 35] addresses this by directly feeding unpaired text into
the ASR acoustic encoder, where the text is mapped to a shared
latent space with speech, either explicitly or implicitly. The
latent embeddings are then used to train the E2E models.

Text injection is initially applied to contextual biasing in
[36]. Building upon JOIST [33], [36] injects contextually rel-
evant, unpaired text directly into an ASR model that does not
contain any biasing component. This improves performance
when combined with an FST-based context model during in-
ference. Our CTI method differs by applying JOIST-like text
injection to a neural biasing model. This allows joint optimiza-



tion of ASR model and its biasing component using unpaired
text towards text-based ASR and retrieval objectives. Conse-
quently, CTI integrates the advantages of both powerful neural
biasing and text injection, while eliminating the need for FST
or any other external biasing component during inference.

2.2. Neural Contextual Biasing with Deferred NAM

Upon removing red lines and red boxes, Fig. 1 depicts a speech
transducer [37, 26] with a neural biaser, deferred NAM [18].
The transducer consists of an acoustic encoder, a decoder and
a joint network. The acoustic encoder transforms input speech
features X into acoustic embeddings. To recognize named en-
tities in speaker’s context, each speech utterance X is assigned
N bias phrases Z = {z1, ..., 2v }. z» may or may not exist in
Y. Deferred NAM performs 2-pass hierarchical biasing at layer
l of the acoustic encoder. In Pass 1, we retrieve the K most rele-
vant biasing phrases based on the correlations between acoustic
embeddings H; and bias phrase embeddings P, followed by a
max-pooling over 7":

a = MaxPool”_, (hl,tPT/\/&) , (1

where a € RY*, H; = {h;1,...,hy 7}, h; € RY is the
sequence of acoustic embeddings at the biasing layer [. P &
ROVADxd g generated by feeding Z through a phrase encoder
and appending the output with a d-dim NO_BIAS embedding. '
We select top-K phrases from Z corresponding to the K largest
values of the correlation vector a, and tokenize them into word-
pieces Z% = {z7,..., 2y}, M > K.

Then in Pass 2, we compute the cross-attention between
acoustic embeddings H; (as queries) and the word-piece em-
beddings W € RM*? of Z¥ (as keys and values 2):

C = CrossAttention(Q = H;; K,V = W), ?2)

where C € RT*? contains the 7" context vectors generated by
the cross-attention Softmax(QK ' /v/d)V.

The biased acoustic embeddings are obtained by HY'™ =
H; + A\.C,\c € R, which are then propagated through the
upper acoustic encoder layers. The decoder takes in previous
labels to generate the current label embedding. The joint net-
work combines the top-layer acoustic and label embeddings
via a feed-forward network, and estimates posteriors of the
ground-truth transcript Y. A transducer loss L% (D)
— 2 (x.v,2)ep 108 P(Y|X, Z) is calculated on supervised
audio-transcript data D. In addition, to ensure the K phrases
selected in Pass 1 are most relevant to X, we minimize a re-
trieval loss £™" computed by a cross-entropy between a and the
ground-truth label r. r indicates the longest bias phrase present
in Y, or NO_BIAS if none exists. Likewise, we calculate
a word-piece retrieval loss based on the correlations between
H; and W, and add it to £"(D). We jointly minimize the
transducer loss and the retrieval loss Ao L% (D) + Mg L°"(D),
Aa, A € R are loss weights.

3. Contextual Text Injection

In this work, we propose contextual text injection (CTI), in
which a large corpus of unpaired text Y*' € D'* together

For simplicity, we assume all encoder embeddings in this work
have the same dimension d and omit projection matrices.

2For better biasing performance, values are typically obtained by
left-shifting keys by one token and appending a zero-embedding [15].

with its contextual bias phrases Z'*' are injected into an ASR
model and its neural biasing component to enhance its bias-
ing capability. As shown in Fig. 1, we first tokenize unpaired
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Figure 1: Contextual text injection (CTI) for a speech trans-
ducer with neural biasing. Blue and red arrows show the for-
ward propagation paths for paired audio-transcript data and
unpaired text, respectively.

text into phoneme sequences and then replicate each token a
fixed or random number of times to get an upsampled sequence
Y = (" P} Y s then fed into a phoneme en-
coder to generate phoneme embeddings EP™ € R7*?, To uti-
lize unpaired text for neural biasing, the phoneme embeddings
need to be injected to an acoustic encoder layer ['*' that pre-
cedes the biasing layer [, i.e., I'** < [. Therefore, different from
JOIST [33], the masking in CTI has to be performed after the
biasing layer instead of before the phoneme encoder. We prop-
agate EP™ through layer I'™ to layer [ of the acoustic encoder
to generate fext-based acoustic embeddings HI™ € RT*¢,

Each text sentence Y'**' is associated with N bias phrases
7' = {2, ..., 2"}, sampled from sentences within Y'*"’s
training mini-batch. 22" may or may not exist in Y'*'. H™
and Z'* undergo the two-pass contextual biasing procedure
similar to Section 2.2. In Pass 1, correlations between H;™ and
Z'* are used to select the top-K bias phrases for each text sen-
tence and to compute a retrieval loss. In Pass 2, cross-attention
between Hi™ and only the selected bias phrases is computed to
generate fext-based biased acoustic embeddings H™ ",

Specifically, in Pass 1, we generate phrase embeddings
P ¢ RWVFDXL by feeding Z' into the phrase encoder
and appending a d-dim NO_BIAS embedding to the output. We
then calculate 2 € R™™! by max-pooling the correlations
between H™ and P'* over I:

a'™ = MaxPooll_, (hf’;lPle’“T / \/E) , 3)
where a'™ signifies the correlations between H™ and each
bias phrase (and NO_BIAS) in Z. From set Z'*', we se-
lect the top-K bias phrases that have the K largest correlation
values in a'', and tokenize them into word-pieces Z'*"" =



2TV 25, M > K. In Pass 2, HE™ first cross-
attends into the word-piece embeddings W' ¢ RM*d of

Z'“™ to compute text-based context vectors C'** € R'*¢.
H P ¢ RTX4 g then obtained by adding C'*** to Hi™:

C'™* = CrossAttention(Q = H™; K,V = W), (4)
Htlext, bias _ H;ext + )\cctext7 (5)

where \. € R is the biasing strength.

To make the task sufficiently difficult for the model with
text input, we mask a portion of text-based biased acoustic em-
beddings H' ™ at layer ™ after the biasing layer I, i.c.,

[mask
m*k > [ by following [38]. The masked embeddings are then
propagated through the rest of the transducer, contributing to
the calculation of a text-based transducer loss:

l:ASR (Dlexl) — _ IOg P (Ytext |Mask(H;z<;kbias ) , Zlext) . (6)

To accurately identify the K most relevant bias phrases from
the unpaired text, we minimize a retrieval loss £*"(D'*)
computed as a cross-entropy between the correlation a'*' and
ground-truth label 7. 7'**' is assigned the longest bias phrase
from Z'* that appears in Y'**'. Otherwise, ' is assigned
NO_BIAS if none of the bias phrases are present in Y'**'. Sim-
ilarly, a word-piece retrieval loss based on the same unpaired
text is computed and then added to £ (D**).

The speech transducer, phoneme encoder, and neural biaser
are jointly trained from scratch to minimize two ASR losses
and two retrieval losses using audio-transcript paired data D and
unpaired text D*";

LCTI :)\aﬁASR(D) + )\dﬁretr(D)
+ )\fxtLASR(Dtext) + Agxtﬁretr(ptext). (7)

where A\iX, A\ € R are weights for the text-based losses. With
CTIL the model can learn from significantly larger pool of un-
paired text the ability to extract relevant bias phrases and im-
prove the accuracy of named entity recognition based on them.

4. Contextual Text-Injected MWER

Conventional MWER training minimizes the expected number
of word errors on supervised training data [39, 40, 41], option-
ally including unpaired text [33]. However, these methods reply
on N-best hypotheses produced by a non-contextualized ASR
system, limiting its ability to correct errors caused by contex-
tual biasing. To overcome this, we propose contextual text-
injected (CTI) MWER training. This approach generates N-
best hypotheses by feeding both audio-transcript pairs D and
unpaired text D' through an ASR model with neural biasing,
then computes MWER losses based on these hypotheses.

With CTI MWER, we first generate the N-best hypotheses
{Y1,..., Yy} by inputting speech X and the bias phrases Z
into the model and applying the two-pass neural contextual bi-
asing outlined in Section 2.2. This aligns the N-best generation
with the actual inference, empowering the MWER training to
rectify errors introduced by contextual biasing. The contextual
MWER loss on supervised data is computed as the expected
number of word errors on these N-best hypotheses:

N

EMWER (D) — Z

n=1

P(Y.[X, Z)
St P(YalX, 2)

R(Yn,Y), (8

where R(Yr,,Y) is the number of word errors in a hypothesis
Y, compared to the ground-truth transcript Y.

Further, we inject unpaired text Y'*' and bias phrases Z'**'
into the ASR and its neural biasing model to calculate an text-
based MWER loss:

N X Xt, bias
EMWER (Dtext) — P(Y: l‘H;ematsk ¢ )
2 S (Y HE)

Jmask

R(Ytext Ytexl)

where {YT™,..., YN} are N-best hypotheses generated via
the text-based two-pass neural biasing in Section 3. Finally, we
minimize the CTI-MWER loss across both D and D'*":

ECTI»MWER _ AmL‘,MWER (D) + /\l:ridl:MWER (,Dlexl)7 (9)

where Ay, Aix' € R are loss weights.

To enhance the ASR performance in the absence of bias
phrases, we selectively activate the biasing component during
CTI MWER training. We do this by feeding in empty bias
phrases for a specific percentage of the training data.

5. Experiments
5.1. Data

Our supervised training data comprises 520 million multi-
domain English audio-transcript pairs (490 thousand (K) hours)
from voice search (VS) traffic as in [42]. In addition, we lever-
age a much larger corpus of unpaired text for text injection,
exceeding the size of audio-transcript pairs by two orders of
magnitude. This corpus consists of 100B anonymized sentences
drawn from Maps, Google Play, Web, and YouTube domains as
in [33].

We assess our models across various test sets. The head
common-word test set comprises roughly 12K anonymized and
hand-transcribed VS utterances with an average duration of 5.5
seconds. For rare-word evaluation, we utilize a multi-context
biasing corpus from [16, 18], consisting of three sets:

* NO_PRE: 13K utterances matching prefix-less patterns
from $SAPPS, SCONTACTS, $SONGS categories (i.e., ACS).

* PRE: 2.6K utterances matching prefixed patterns like “open
$APPS”, “call SCONTACTS”, “play $SONGS”.

¢ ANTI: 1K utterances from general voice assistant queries.

In all three sets, each utterance is assigned 150, 300, 600, 1500,
3000 ACS bias phrases. The NO_PRE and PRE sets evaluate
in-context performance where one bias phrase actually appears
in the transcript truth, while the ANTI set assesses anti-context
performance where only distractor bias phrases are assigned.

5.2. Modeling Architecture

This work utilizes a non-streaming hybrid autoregressive trans-
ducer (HAT) [26] for ASR. We extract 128-dim log Mel filter-
banks from speech and subsample it with two 2D-convolution
layers, resulting a 512-dim feature every 40 ms. The HAT
acoustic encoder is based on the architecture of Google USM
[43]. It starts with 2 convolution layers, followed by 12 con-
former layers [44]. Each conformer layer uses a 8-head local
self-attention with 512 dimensions and a convolution kernel of
size 10. Funnel pooling [45] reduces the computation latency,
resulting in a frame rate of 320ms at the encoder output [46, 42].
The HAT decoder is a 640-dim |V'|* embedding [47]. The out-
put vocabulary consists of 4096 lowercase word-pieces. HAT
has 857M parameters in total.

The neural biasing is applied at 4th encoder layer of HAT
(I = 4). The phrase encoder is a 4-layer deep averaging network



with 256 hidden units (788K parameters). The word-piece en-
coder is a 1-layer conformer with 256 hidden units (1M param-
eters). The projection layers in correlation and cross-attention
have 7.3M parameters. All biasing components are significantly
smaller than the main HAT. The bias strength A. is set to 1.0
during training and 0.6 during inference.

5.3. Text injection for Neural Contextual Biasing

We first train a baseline HAT with deferred NAM [18] us-
ing only the supervised data, and show its results in Table 1.
Aa = 0.9, A, = 0.1, K = 32 for all the experiments. Note
that, for each biasing test set, the reported WER is the average
across 5 different scenarios where the model receives varying
number of bias entities. Then we perform JOIST training of

In-Context
Method VS NOPRE PRE ANTI
Sup 4.1 3.0 2.3 1.8
JOIST 4.0 2.2 2.1 1.9
CTI 3.9 1.7 1.7 1.6

Table 1: WERs (%) for HAT with neural contextual biasing.’
The models are trained from scratch using supervised data
(Sup), JOIST or contextual text injection (CTI).

HAT with deferred NAM by injecting unpaired text only to the
acoustic encoder of HAT. No neural biasing (Egs. (3) — (5)) is
performed with unpaired text. The settings are consistent with
those used for JOIST on HAT: the unpaired text is tokenized into
phoneme sequences. Each token is repeated a random number
of times. The random number is sampled from a uniform dis-
tribution between 1 and 2. We mask 30% of the upsampled
tokens with spans of S = 10 and feed it into a phoneme en-
coder. The phoneme embeddings are finally inputted to the 3rd
conformer layer of the acoustic encoder. \%* is set to 0.1 for
all the experiments. JOIST improves the in-context biasing by
26.7% and 8.7% relatively on PRE and NO_PRE, but degrades
the anti-context set by 5.5%.

Further, we conduct contextual text injection as described
in Section 3. We follow the same tokenization and upsam-
pling procedure for unpaired text as used in JOIST. Without any
masking, we directly embed these upsampled phoneme tokens
via a phoneme encoder and fed them into the 3rd conformer
layer of the acoustic encoder (I'* = 3). The neural biasing is
then performed with both real and text-based acoustic embed-
dings at the output of the 5th conformer layer (I = 5). The
text-based biased acoustic embeddings are masked at the 7th
conformer layer (I™**=7). X! s set to 0.1. CTI demonstrates
substantial and consistent improvement over JOIST on all bias-
ing test sets and VS, resulting in total relative WER reductions
of 43.3%, 26.1% on in-context sets, 11.1% on the anti-context
set, and 4.9% on head VS from the supervised baseline.

5.4. MWER Training for Neural Contextual Biasing

We initialize all the MWER training with the CTI model which
has achieved the best WERs so far. We first perform MWER
training with only supervised data to minimize the loss in Eq.
(8). As in Table 2, MWER significantly improves over CTI
on the in-context PRE and the head VS, but degrades on the

3Without contextual biasing, HAT with JOIST and text-injected
MWER achieves 4.0%, 22.1%, 10.5% and 1.6% WERs on VS,
NO_PRE, PRE and ANTI, respectively.

In-Context
Method VS NOPRE PRE ANTI
CTI 3.9 1.7 1.7 1.6
+ MWER 3.9 1.7 1.5 1.9
+ JOIST MWER 3.8 1.5 1.4 1.9
+ CTI MWER 3.8 1.3 1.3 1.8

Table 2: WERs (%) for HAT with neural contextual biasing.
The models are trained in two stages: first with contextual text
injection (CTI), and then fine-tuned using MWER, JOIST-based
MWER, or contextual text-injected (CTI) MWER training.

anti-context test set. We then perform JOIST-based MWER
[33] by injecting text into only the HAT encoder. During this
process, the biasing modules are updated with only the super-
vised data. Compared to the MWER training, JOIST-based
MWER dramatically reduces WERs on NO_PRE. Finally, we
perform contextual text-injected MWER (Section 4), updating
both HAT and biasing modules with supervised data and un-
paired text. CTI MWER significantly outperforms JOIST-based
MWER across VS and all biasing sets. Moreover, CTI MWER
offers remarkable improvement over CTI on all test sets, achiev-
ing total relative WER reductions of a 56.7%, 43.5% on in-
context biasing sets, and 7.3% on head VS from the supervised
baseline. Note that, to reduce the WER also on head VS, we
selectively drop out the neural biasing component for 30% of
the training mini-batches.

5.5. Scalability to Number of Bias Phrases

We gradually increase the number of bias phrases assigned to
each test utterance (0-3,000) when evaluating HAT with de-
ferred NAM on the NO_PRE in-context biasing set in Table 3.
Despite the consistent increase in WER with more bias phrases,
CTI and CTI MWER remarkably maintain WER below 1.8%
even at the maximum 3000 bias phrases. Importantly, the per-
formance trends observed in Sections 5.3, 5.4 persist across all
bias phrase counts: CTI and CTI MWER outperform the base-
line supervised model, with their advantage increasing as the
number of phrases decreases. These trends hold consistently
for PRE and ANTI biasing sets as well.

Method VS In-Context: NO_PRE
0 0 150 | 300 | 600 | 1500|3000
Sup 4.1 |[2221] 27|27 |28 |34]35
CTI 39 [[21.8 1.3 | 14 | 1.7 | 1.8 | 2.1
+CTIMWER | 38 |[21.8] 1.1 | 1.2 |12 |14 | 1.8

Table 3: WERs (%) for supervised training, contextual text in-
Jjection (CTI) and contextual text-injected (CTI) MWER training
with respect to the number of bias phrases (0-3000) assigned to
each test utterance.

6. Conclusion

We propose a novel contextual text injection that injects un-
paired text to not only the ASR encoder, but also its bias-
ing component. We further introduce contextual text-injected
MWER training, a method that fine-tunes the ASR model with
neural biasing to minimize an additional text-based MWER ob-
jective. CTI reduces the WER of a HAT with deferred NAM by
26.1%-43.3% relatively on in-context biasing sets, 11.1% rela-
tively on the anti-context set, and 4.9% on voice search. Fur-
ther, CTI MWER achieves additional 23.5% relative WER re-
ductions over CTI on in-context biasing sets.
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