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Abstract 

This study investigates speech rate as both a perceptual cue and a production strategy in Arabic 

human-directed and device-directed speech. The study comprised two phases. The perception 

phase examined whether listeners perceive differences in speech rate between human-directed and 

device-directed speech and whether those differences aid interlocutor identification; 78 native 

Arabic listeners completed speech-rate rating and speaker-identification tasks. The production 

phase investigated speech-rate production across interlocutor conditions and sentence types in 

Najdi Arabic through acoustic analysis of recorded speech. Listeners consistently perceived 

device-directed speech as faster than human-directed speech and used these temporal differences 

to identify the intended interlocutor. Production results showed that speakers systematically 

adjusted speech rate across communicative contexts and sentence types, with shorter sentences 

eliciting faster rates and speech to a familiar human interlocutor eliciting faster rates than speech 

to an artificial device. Together, the findings reveal a coupling between speech production and 

perception, indicating that speech rate functions as a shared communicative cue linking speaker 

adaptation and listener interpretation. The research contributes to work on speech adaptation, 

Arabic temporal acoustics, and human–technology interaction by demonstrating that speech rate 

is not merely a phonetic property of speech but a meaningful temporal signal in communication. 

Keywords: Device-Directed Speech; Human-Directed Speech; Speech Perception; Speech 

Production; Speech Rate 

 

INTRODUCTION 

Speech rate (SR) is a fundamental temporal property of spoken language, defined as the 

number of syllables produced per unit of time, including both articulated speech and pauses 

(Jacewicz et al., 2010). Because it incorporates pausing, SR reflects speech planning and 

communicative structuring rather than articulatory tempo alone, providing a comprehensive index 

of timing in natural communication. A foundational insight from the literature is that speakers do 

not produce speech at a fixed rate but continuously adapt their temporal behavior to their audience 

and communicative goals (Bell, 1984; Lindblom, 1990). Speech tends to become slower and more 

clearly articulated when intelligibility is at risk—for instance, when addressing non-native 

listeners or individuals with hearing difficulties—and faster and more reduced when 

communication is easy (Smiljanić & Bradlow, 2005). 

The rapid expansion of voice-activated technologies has introduced communicative 

situations in which speakers address not only other humans but also artificial systems such as Siri, 

Alexa, and Google Assistant. A growing body of research shows that device-directed speech 
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(DDS) differs systematically from human-directed speech (HDS) in pitch, articulation, and timing, 

suggesting that speakers treat technological systems as a distinct category of interlocutor (Cohn & 

Zellou, 2021b; Cohn et al., 2022). Most of this work, however, has concentrated on speech 

production in English, leaving open the question of whether listeners can use temporal cues such 

as SR to infer the type of interlocutor that a given utterance was directed toward. Arabic offers a 

particularly informative context for examining these questions, given its phonologically significant 

use of segment duration and its considerable dialectal diversity (Watson, 2007). Although the 

temporal acoustics of Arabic have been studied in some detail, SR in natural conversational 

Arabic—and its role in distinguishing communicative contexts or interlocutor types—remains 

underexplored. Whether SR functions as a perceptual cue to interlocutor identity, and whether 

speakers adjust SR when addressing human versus artificial interlocutors, has not been tested in 

Arabic. 

The present study addresses this gap by investigating SR as both a production strategy and 

a perceptual cue in Arabic HDS and DDS. It comprises two complementary phases. A perception 

phase examines whether native Arabic listeners perceive differences in SR between HDS and DDS 

and whether those differences support above-chance identification of the intended interlocutor. A 

production phase examines SR production in Najdi Arabic across three interlocutor conditions—

an AI chatbot (ChatGPT), a familiar human, and an unfamiliar human—and two sentence types, 

with both adolescent and adult speakers. The central hypothesis is that SR varies systematically 

across interlocutor conditions in both production and perception, and that these variations 

contribute to interlocutor identification. The remainder of the paper reviews the relevant literature, 

describes the study and its results, and discusses their implications for speech adaptation and 

human–technology interaction (Cohn et al., 2021). 

SR is a crucial component of spoken communication that affects both intelligibility and 

listener perception. Slower rates frequently improve comprehension in difficult listening 

conditions: Picheny et al. (1986) demonstrated that clear speech, characterized by slower SR and 

greater articulatory precision, substantially enhances intelligibility for listeners with hearing 

impairment, and Smiljanić & Bradlow (2005) found that speakers reduce their tempo to sharpen 

acoustic contrasts and aid comprehension. SR interacts with vowel length, consonant articulation, 

and prosodic structure, and varies with linguistic and sociolinguistic factors (Jacewicz et al., 2010). 

Speakers may also adjust SR in response to their interlocutor: Giroud et al. (2024) reported stronger 

SR convergence during natural than artificially altered speech, suggesting that perceived 

naturalness shapes adaptation, while Buz et al. (2016) showed that communication failures prompt 

dynamic hyper-articulation. Collectively, these findings establish SR as a temporal signal that 

shapes both production and perception, though its role in signaling communicative context remains 

unclear. 

The way SR and other temporal properties are realized depends in part on the language 

itself, and Arabic provides an especially rich case. Temporal structure plays an important role in 

Arabic, where segment duration and SR shape the timing and rhythm of speech (Jacewicz et al., 

2010; Watson, 2007). Arabic is not a single uniform language but a family of related dialects 

whose differing phonological systems affect vowel quality, consonant realization, and syllable 

structure, and thus temporal patterns (Watson, 2007). Vowel length is a particularly salient feature: 

short and long vowels form a clear durational contrast that is phonologically rather than purely 
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physiologically determined (Mitleb, 1984; Alghamdi, 1998). Temporal effects also extend across 

segment boundaries; Ferrat & Guerti (2011) showed that geminate consonants are longer than 

singletons and influence neighboring vowels, with pre-geminate vowels shortening and post-

geminate vowels lengthening. 

Acoustic measurements confirm the strength of the vowel-length contrast. Aldholmi 

(2022) reported short vowels averaging about 62 ms and long vowels about 164 ms, a difference 

of roughly 102 ms, although realizations vary across Saudi, Sudanese, Jordanian, and Palestinian 

Arabic, with short-to-long ratios generally between 0.39 and 0.45 (Mitleb, 1984; Alghamdi, 1998). 

More recently, Aldholmi (2024) proposed two metrics for characterizing temporal structure—a 

duration metric (173.03 ms in Arabic) reflecting overall timing and a difference metric (64.08 ms) 

capturing variation between vowel types—providing a finer-grained description of temporal 

contrasts. Beyond segment duration, SR captures the global pace of speech, usually measured in 

syllables per second (Jacewicz et al., 2010). Research on Arabic SR in natural contexts remains 

limited, but work on synthetic speech indicates that listeners are sensitive to SR variation, treating 

rates around 4.5 syllables per second as slow and rates of 5.0–5.5 as more natural (Aldholmi et al., 

2021a). Its role in identifying communicative context or interlocutor type, however, is still 

underexplored. 

One communicative context in which such adaptation has become increasingly visible is 

interaction with technology. The spread of voice-activated systems has created new forms of 

human–computer interaction, and because communicating with systems that rely on automatic 

speech recognition (ASR) differs from ordinary human conversation, speakers often adjust their 

speech when addressing such devices. Cohn & Zellou (2021b) found that speakers modified both 

pitch and overall prosodic structure when addressing Alexa rather than a human, indicating that 

they treat technology as a distinct kind of communication partner. Cohn et al. (2021a) further 

showed that SR is adjusted dynamically during interaction with an Alexa socialbot, with speakers 

slowing down following recognition errors, suggesting that SR functions as an adaptive strategy 

for improving communication with voice assistants (Cohn & Zellou, 2021). 

Subsequent work has broadened this line of research. Cohn et al. (2022) analyzed Siri-

directed speech and found consistent differences in articulation and vowel space relative to HDS, 

with speakers producing clearer, more deliberately articulated output when addressing the device. 

Sociolinguistic and developmental variation has also been documented: Cohn et al. (2024a) found 

that African American English speakers adjusted pitch and rate according to the listener's 

perceived identity, and Cohn et al. (2024b) reported that both children and adults modify their 

speech for technological interlocutors, with children showing especially exaggerated patterns. 

Comparable effects have been observed beyond English, including in German (Siegert & Krüger, 

2021). Although these studies offer valuable insight into production, most concentrate on 

production rather than perception, and relatively little work has examined whether listeners can 

use acoustic cues such as SR to determine the type of interlocutor in an interaction. 

These patterns of adaptation—toward both human and technological interlocutors—are 

well captured by several theoretical frameworks that treat speech as flexible rather than fixed. 

Bell's (1984) Audience Design theory holds that speakers craft their speech with the audience in 

mind, modifying pronunciation, lexis, syntax, and prosodic features such as SR and intonation 

according to who they are addressing. Communication Accommodation Theory (Giles & 
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Coupland, 1991) describes how speakers converge toward an interlocutor's speech patterns to 

signal solidarity or improve communication, or diverge from them to mark social distance or group 

identity; speakers commonly slow down and articulate more clearly when they anticipate 

comprehension difficulty, as with non-native listeners or those with hearing loss (Smiljanić & 

Bradlow, 2005). 

Lindblom's (1990) Hyper- and Hypo-Speech (H&H) Theory offers a production-oriented 

account in which speakers balance clarity against efficiency along a continuum: hypo-speech 

involves reduced articulation and faster rates when communication is easy, whereas hyper-speech 

involves clearer articulation and slower rates when communication is difficult. Together, these 

frameworks extend naturally to human–technology interaction, since speakers may treat voice 

assistants as conversational partners that require slower, clearer, or prosodically adjusted speech 

to improve recognition (Cohn & Zellou, 2021b; Cohn et al., 2021a). They thus provide a 

conceptual grounding for examining how SR functions as a cue across different interlocutors. If 

speakers systematically adjust SR across interlocutors, a further question is whether listeners can 

recover that information. Speech perception is the process by which listeners interpret acoustic 

input to identify linguistic units and derive meaning. Although early accounts emphasized acoustic 

and phonetic cues, later work established that listeners also draw on cognitive, social, and 

contextual information, so that perception is now understood as combining bottom-up processing 

with top-down expectations (McGettigan, 2015). Listener expectations are central to this process. 

In Niedzielski's (1999) classic study, participants who were told a speaker was from Detroit or 

from Canada judged identical vowel sounds differently, showing that social assumptions shape 

perception. Hay & Drager (2010) similarly found that external information, such as social labels, 

influences how listeners perceive speech sounds (Steffman, 2021). 

Acoustic properties themselves also shape perception. Temporal features such as SR and 

prosodic structure carry important information, and slower, more precise delivery tends to improve 

intelligibility in challenging conditions (Picheny et al., 1986; Smiljanić & Bradlow, 2005), 

implying that listeners exploit temporal cues when interpreting speech. Recent work has extended 

this question to human–technology interaction. Zellou et al. (2023b) showed that listeners' beliefs 

about whether speech came from a human or a device altered their perceptual learning even when 

the acoustic signal was held constant, demonstrating that beliefs about the interlocutor can shape 

processing itself. Vonessen et al. (2024) found that human listeners and ASR systems rely on 

different cues, with humans incorporating contextual and social information and machines 

depending largely on acoustic features. Despite this growing interest, few studies have tested 

whether listeners can use SR itself to identify the communicative context or the type of 

interlocutor, and fewer still have asked whether listeners can distinguish HDS from DDS on the 

basis of temporal features alone—an especially notable gap for Arabic that the present study 

addresses. A comparative overview of these and related studies is provided in Appendix A. 

 

METHOD 

To investigate SR as both a perceptual cue and a production strategy in Arabic HDS and 

DDS, a single study was conducted comprising two complementary phases. Phase 1 (perception) 

examined whether listeners perceive systematic differences in SR between HDS and DDS and 

whether those differences enable them to identify the intended interlocutor. Phase 2 (production) 
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examined whether speakers themselves adjust SR when addressing different interlocutors, and 

how such adjustments interact with sentence length and speaker age. Conducting both phases 

within a single study allows the temporal patterns that speakers produce to be evaluated against 

the temporal cues that listeners detect, providing an integrated view of SR in human–technology 

interaction. 

Participants 

Two groups of participants took part, one for each phase. In the perception phase, 78 female 

native Arabic speakers (aged 19–22 years; M = 20.46, SD = 1.11) served as listeners. They were 

recruited from a university setting, predominantly as undergraduate students, and reported no 

history of hearing or speech impairments. In the production phase, 20 native Najdi Arabic speakers 

served as talkers, divided into two age groups: adolescents (n = 10; ages 13–18) and adults (n = 

10; ages 30–45). Production participants were recruited through social networks and local schools 

and reported normal hearing and no history of speech or language difficulties. All participants 

provided informed consent before taking part and were informed of their right to withdraw at any 

time without penalty; parental consent was additionally obtained for the adolescent talkers. 

Both phases used interrogative sentences designed to reflect natural spoken Arabic. The 

perception stimuli consisted of interrogatives produced in matched HDS and DDS versions, each 

containing between 6 and 10 words (M = 7.8, SD = 1.2) and 13–36 syllables (M = 24.5, SD = 5.1); 

the two versions of each item were matched for lexical content, with only the interaction context 

varying. An example is given in (1): 

(1)   maː huːwa ˔akθaru al˔alwaːni ʒaːðibijah ladajka? 

‘What is the most attractive color to you?’ 

The production materials consisted of pre-written Najdi Arabic interrogatives divided into short 

(approximately 8 syllables; 3–5 words) and long (approximately 14–15 syllables; 6–10 words) 

types. The same set of sentences was used across all interaction conditions to control for lexical 

and structural variation. An example of a short interrogative is given in (2): 

(2)   wɛʃ ˔akθar ˔aklah tħibhaː? 

‘What food do you like the most?’ 

 

Procedure 

In the perception phase, listeners completed two tasks. In the SR rating task, they heard 

each stimulus and rated its perceived speed on a seven-point Likert scale (1 = very slow, 7 = very 

fast). In the speaker-identification task, they indicated whether each stimulus was directed toward 

a human or a device. Stimuli were presented over headphones in a quiet room, and the order of 

presentation was randomized across listeners. In the production phase, talkers produced the same 

set of sentences under three interaction conditions: an AI chatbot (ChatGPT), a familiar human 

interlocutor, and an unfamiliar human interlocutor. In the ChatGPT condition, participants used a 

mobile interface to address the AI system; in the familiar-human condition, they interacted face-

to-face with a known individual; and in the unfamiliar-human condition, they spoke to an unknown 

interlocutor by telephone. Each interaction lasted approximately five minutes, during which 

participants produced 10 sentences per condition. 

In both phases, recordings were analyzed in Praat (Boersma & Weenink, 2023), with each 

interrogative utterance manually segmented using TextGrid annotation. SR was calculated as the 
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number of syllables divided by total utterance duration (syllables per second). Silent pauses were 

excluded from duration calculations, while filled pauses were retained; when an utterance was 

repeated, only the final production was included. For the production data, SR was analyzed using 

a mixed-effects linear model implemented in R, with interlocutor condition (ChatGPT vs. familiar 

human vs. unfamiliar human), sentence type (short vs. long), and age group (adolescents vs. adults) 

as fixed effects and participant as a random effect. 

 

RESULTS AND DISCUSSION 

Results show that the SR ratings, presented in Table 1, were consistently higher for DDS 

than HDS, indicating that listeners perceived DDS as faster. 
Table 1. SR Mean Ratings for HDS vs. DDS 

Speech Direction Mean SD Median 

HDS 3.56 1.04 3.5 

DDS 4.09 1.07 4.0 

Note. Ratings were measured using a 7-point Likert scale ranging from very slow to very fast. 

Table 2 presents identification accuracy for HDS and DDS stimuli. HDS was identified with higher 

accuracy than DDS, indicating that listeners found it easier to identify HDS than DDS. Both values 

exceeded the 50% chance level. 
Table 2. Speaker Target Identification Accuracy 

Speech Direction Mean Accuracy SD 

HDS 0.83 0.12 

DDS 0.78 0.15 

Results show an overall mean production SR of 5.41 syllables per second (SD = 0.88), 

ranging from 1.97 to 8.40, with adults producing a slightly higher mean SR (M = 5.51, SD = 1.00) 

than adolescents (M = 5.31, SD = 0.73). The mixed-effects model revealed a significant main effect 

of sentence type: short sentences were produced at a higher SR than long sentences (β = 0.484, p 

= .001). A significant main effect of interlocutor condition was also found, with speech to a 

familiar human interlocutor produced at a higher SR than speech directed to ChatGPT (β = 0.299, 

p = .049). Figure 1 illustrates SR across interlocutor conditions and sentence types. 
Figure 1. Mean SR Across Addressee Types And Sentence Length. Error Bars Represent ± 1 SE 

 
The main effect of age group was not statistically significant (β = −0.248, p = .269), indicating that 

adolescents and adults did not differ reliably in overall SR. Figure 2 shows SR across age groups 

and sentence types. 
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Figure 2. Mean Syllables Per Second By Age Group And Sentence Type 

 
No significant interaction effects were observed (all p > .10), indicating that the effects of sentence 

type and interlocutor condition were comparable across age groups. Figure 3 presents mean SR 

across addressee types for each age group. 
Figure 3. Mean Syllables Per Second Across Addressee Types For Adults And Adolescents 

 
The present study examined SR as a perceptual cue and a production strategy in Arabic 

HDS and DDS. The findings from both experiments converge to indicate that SR varies 

systematically across communicative contexts and that these variations are both produced by 

speakers and detected by listeners. Taken together, the results suggest that SR functions as a 

meaningful temporal signal linking speaker adaptation and listener interpretation in human–

technology interaction. The perception phase demonstrated that listeners perceived DDS as faster 

than HDS and used these perceived differences to identify the intended interlocutor at above-

chance levels. This finding establishes SR as a functional perceptual cue in distinguishing 

communicative contexts, consistent with earlier work showing that listeners rely on temporal and 

rhythmic information when evaluating speech (Aldholmi & Park, 2016, 2019). The present results 

extend that literature in an important direction: SR differences arising from interlocutor type are 

not only perceptible but communicatively diagnostic. Listeners attended not to lexical content 

alone but to the speed and rhythm with which utterances were produced, using those temporal 

properties to draw inferences about whether speech was directed to a human or a device. 
The asymmetry in identification accuracy between HDS (83%) and DDS (78%) is 

theoretically informative. Although both conditions substantially exceeded the 50% chance level, 

HDS was identified more reliably than DDS. One interpretation is that listeners have richer and 

more stable perceptual templates for HDS, given their extensive daily exposure to it, whereas the 
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acoustic characteristics of DDS may be less familiar and therefore less easily categorized. This 

explanation is consistent with the broader perception literature showing that listener experience 

and exposure shape the robustness of perceptual categories (Niedzielski, 1999; Hay & Drager, 

2010). It also resonates with Zellou et al. (2023b), who showed that listener beliefs about whether 

speech originates from a human or a device modulate perceptual learning processes, even when 

the acoustic input is held constant. The present findings extend this line of work by demonstrating 

that temporal cues alone—without any manipulation of listener beliefs—are sufficient to support 

above-chance interlocutor identification in Arabic. 

The perception results are also consistent with research on SR perception in Arabic. 

Aldholmi and Park (2016, 2019) showed that perceived SR depends not only on the number of 

syllables produced per second but also on broader acoustic patterns such as rhythm and indexical 

information. The present study adds to this picture by showing that interlocutor type constitutes a 

further dimension along which SR perception is organized. When listeners hear DDS, they rate it 

as faster and more device-like, suggesting that the temporal characteristics of DDS are sufficiently 

distinctive to support contextual categorization. The finding that listeners relied on SR to 

distinguish HDS from DDS is also consistent with Aldholmi et al. (2021a), who demonstrated that 

Arabic listeners are sensitive to SR variation in synthetic speech, and with Alshaikhmubarak and 

Aldholmi (2025, 2026), who found that rhythmic structure influences SR judgments across 

language backgrounds. 

The production phase revealed that speakers systematically adjusted SR as a function of 

both sentence type and interlocutor condition. Shorter sentences were produced at a higher SR than 

longer sentences (β = 0.484, p = .001), a finding consistent with the well-established principle that 

longer utterances impose greater cognitive planning and articulatory demands, resulting in lower 

overall rates (Jacewicz et al., 2010). Of greater theoretical interest is the significant effect of 

interlocutor condition: speakers produced speech at a higher SR when addressing a familiar human 

interlocutor than when addressing ChatGPT (β = 0.299, p = .049). This suggests that speakers treat 

AI systems as a distinct communicative category, one that elicits a more deliberate and controlled 

speaking style relative to casual human interaction. Although unfamiliar human speech also 

showed a numerically lower SR than familiar human speech, this comparison did not reach 

statistical significance, indicating that the most pronounced adjustment was specifically between 

human interlocutors and the AI condition. 

This pattern accords with the theoretical frameworks outlined in the literature review. From 

the perspective of Audience Design (Bell, 1984), speakers modify their speech in response to their 

assumptions about the audience’s communicative needs and capacities. Addressing an AI system 

may trigger beliefs about its recognition limitations—for example, that it requires slower, more 

deliberate speech to process input accurately—leading to the SR reduction observed here. This 

interpretation is supported by Cohn and Zellou (2021b) and Cohn et al. (2021a), who found 

analogous SR adjustments in English speakers addressing Alexa, and by Cohn et al. (2022), who 

documented clearer, more hyper-articulated speech in Siri-directed versus human-directed speech. 

The present study demonstrates that comparable patterns extend to Arabic, specifically to Najdi 

Arabic, a variety that has received limited attention in the human–technology interaction literature. 

From the perspective of the H&H model (Lindblom, 1990), the slowing of SR in AI-directed 

speech can be understood as a shift toward the hyper-speech end of the continuum: when speakers 
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perceive potential difficulty in communication—whether due to the listener’s linguistic 

background, hearing capacity, or, in this case, machine recognition constraints—they increase 

articulatory effort and reduce temporal compression. 

The absence of a significant age effect (p = .269) is notable. Adolescents and adults 

produced comparable SRs across all conditions, suggesting that contextual factors—specifically 

interlocutor type and sentence length—exert a stronger influence on SR than developmental stage, 

at least within the age ranges sampled. This result aligns with Cohn et al. (2024b), who similarly 

found that children and adults both modify their speech when addressing technological systems, 

indicating that the capacity for speech adaptation to interlocutor type is not age-restricted. At the 

same time, the current sample was small and restricted in age range, so definitive conclusions 

about developmental trajectories would require broader participant groups. It is possible that more 

pronounced age-related differences would emerge with a wider developmental span or in more 

naturalistic interaction contexts. 

A central contribution of the present study is its joint examination of production and 

perception within a single framework, which reveals a coherent alignment between the two phases. 

Listeners perceived DDS as faster than HDS (perception phase), while speakers produced speech 

at a lower SR when addressing an AI system than when addressing a familiar human (production 

phase). At first glance these results might appear contradictory—speakers slow down for AI, yet 

listeners perceive AI-directed speech as faster. However, these findings operate at different levels 

of analysis and likely reflect different mechanisms. In the perception phase, listeners judged 

prerecorded stimuli produced in naturalistic HDS and DDS contexts, and their ratings may reflect 

not only raw SR but also qualitative differences in prosodic structure, pause distribution, and 

articulatory precision that collectively create an impression of speed. In the production phase, the 

SR reduction for AI-directed speech was statistically modest and may be offset by reductions in 

pausing and hesitation behavior, which are more characteristic of casual human conversation. 

Together, the two phases suggest that SR functions as a shared communicative resource: speakers 

systematically adjust their temporal behavior across communicative contexts, and listeners extract 

and interpret those temporal patterns when making contextual judgments. This coupling is 

consistent with Smiljanıć and Bradlow’s (2005) account of production–perception linkages in clear 

speech, and with the broader view that communicative adaptation involves coordinated speaker–

listener dynamics rather than unidirectional production adjustments. 

The present findings carry implications for the design and evaluation of voice-based AI 

systems. If speakers systematically modify their SR and temporal organization when addressing 

AI interlocutors, and if listeners can exploit these cues to identify communicative context, then 

ASR systems and voice interfaces should ideally be designed to accommodate the range of 

speaking styles that naturally emerge in human–technology interaction rather than optimizing 

exclusively for a single canonical speaking style. The results also suggest that the acoustic profile 

of AI-directed speech is sufficiently distinctive that it may require tailored processing strategies, 

particularly for languages like Arabic where temporal contrasts play a phonologically significant 

role. More broadly, as conversational AI systems become increasingly integrated into daily life, 

understanding how speakers adapt their temporal behavior to technological interlocutors becomes 

relevant not only for linguistic theory but also for the practical design of speech technologies that 

serve diverse linguistic populations. 
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Finally, it is worth situating the current findings within the broader literature on speech 

adaptation. The adaptations documented here—slower SR for AI, faster SR for familiar humans, 

and sensitivity to sentence length—are not unique to human–technology interaction but reflect 

more general principles of speech planning and audience design. What is distinctive about the 

technological context is that the interlocutor’s perceived communicative needs are based on 

assumptions about machine rather than human cognition. Speakers draw on their beliefs about how 

AI systems process speech, and those beliefs shape their temporal behavior in ways that are 

detectable by human listeners. This points to a reciprocal relationship between technological 

systems and the speakers who address them: as AI systems evolve and as users accumulate 

experience interacting with them, the acoustic norms of DDS may themselves shift. Longitudinal 

and cross-platform studies will be needed to track these developments and to determine how 

established the current patterns are across different Arabic-speaking communities and different AI 

interfaces. 

 

CONCLUSION 

This study examined SR as both a perceptual cue and a production strategy in Arabic HDS 

and DDS. Through two complementary phases, the findings demonstrated that SR varies 

systematically across communicative contexts and that listeners use these differences to identify 

interlocutor type. The perception phase showed that DDS was perceived as faster than HDS and 

that listeners could identify interlocutor type at above-chance levels using temporal information 

alone. The production phase showed that speakers adjusted SR as a function of interlocutor 

condition and sentence type, with AI-directed speech produced at a slower rate than speech to a 

familiar human, and shorter sentences produced at faster rates than longer ones. Together, the 

findings establish SR as a shared communicative cue linking speaker adaptation and listener 

interpretation in Arabic human–technology interaction. The study contributes to research on 

speech adaptation, Arabic temporal acoustics, and human–technology interaction by 

demonstrating that SR is not merely a phonetic property of speech but a meaningful temporal 

signal in communication. 

Several limitations should be noted. The participant samples were relatively small and 

narrow in demographic scope, which may limit the generalizability of the findings. The interaction 

contexts examined represent a limited range of communicative situations, and only SR was 

analyzed as a potential cue, whereas pausing, pitch movement, and rhythm may also contribute to 

interlocutor identification. Future research should examine additional Arabic dialects and more 

diverse speaker populations, investigate how SR interacts with other prosodic cues, and explore 

speech adaptation across different AI systems and more naturalistic conversational tasks. 
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